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VIRTUAL WIRELESS MULITITTRACK
RECORDING SYSTEM

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims the benefit of and 1s a continuation
of the U.S. patent application entitled “Systems and Meth-
ods for Remotely Controlling Local Audio Devices 1 a
Virtual Wireless Multitrack Recording System,” having Ser.
No. 14/808,389, filed Jul. 24, 2015 and currently pending,
which 1s a continuation of the U.S. patent application
entitled “Systems and Methods for Remotely Controlling
Local Audio Devices 1n a Virtual Wireless Multitrack
Recording System”, having Ser. No. 13/530,040, filed Jun.
21, 2012 and 1ssued as U.S. Pat. No. 9,094,636, which 1s a
continuation-in-part of the U.S. patent application entitled
“Systems and Methods for Remotely Controlling Local
Audio Devices 1 a Virtual Wireless Multitrack Recording
System”, having Ser. No. 12/838,164, filed Jul. 16, 2010,
and 1ssued as U.S. Pat. No. 8,842,854, which claims the
benefit of and 1s a continuation-in-part of the U.S. patent

application entitled “Virtual Wireless Multitrack Recording
System”, having Ser. No. 11/404,735, filed Apr. 14, 2006,

and 1ssued as U.S. Pat. No. 7,929,902, which claims the
benelit of and 1s a continuation-in-part of the U.S. patent
application entitled “Virtual Wireless Multitrack Recording
System”, having Ser. No. 11/181,062, filed Jul. 14, 2003,
and 1ssued as U.S. Pat. No. 7,711,443, all of which are
incorporated by reference in their entirety as if fully set forth
herein.

COPYRIGHT NOTICE

A portion of the disclosure of this patent document
contains material, which 1s subject to copyright protection.
The copyright owner has no objection to the facsimile
reproduction by anyone of the patent document or the patent
disclosure, as 1t appears in the Patent and Trademark Oflice
patent file or records, but otherwise reserves all copyrights
whatsoever.

BACKGROUND OF THE INVENTION

Embodiments of the present invention generally relate to
systems and methods for recording and processing audio
received from one or more wireless devices. More specifi-
cally, the present invention relates to systems and methods
for recording and processing audio having one or more
tracks received from one or more wireless devices operating,
in either an asynchronous or synchronous mode.

Many systems and methods have been created to record
performance audio. Some such systems include a multi-
track audio recorder wired to one or more microphones.
Typically, one or more performers performing on a sound
stage are recorded by one or more microphones that are
directly wired to the multi-track recorder. The multi-track
recorder combines the single track of audio received from
cach microphone to create one multi-track audio file. In
many such systems, the received audio and/or the multi-
track audio 1s timestamped with a time reference signal such
as a Society of Motion Picture and Television Engineers
(“SMPTE”) timecode signal containing information regard-
ing the hour, minute, second, frame, type of timecode (i.e.,
nondrop or drop frame), and user-definable information.
Such mformation allows audio to be more easily matched
and/or combined with simultaneously recorded video.
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Other such systems include a multi-track audio recorder
and an associated audio receiver that receive audio wire-
lessly from one or more wireless transmitters. Such wireless
transmitters may take the form of body packs that are worn
by each performer. Typically, the audio receiver receives
cach performer’s audio from the performer’s respective
body pack via an analog or digital wireless transmission and
transmits 1t to the audio recorder. The audio recorder then
combines the wireless transmissions received from all body
packs to create one multi-track audio file.

Due to the occurrence of wireless transmission errors such
as dropouts, some existing wireless systems include audio
receivers having two or more redundant receiver circuits.
The incorporation of additional, redundant receiver circuits
provides a better opportunity to avoid missed audio trans-
missions. For example, the use of two recerver circuits may
allow a second receiver to receive audio that may have not
been received by a first receiver circuit and vice versa.
However, although such redundancy accounts may correct
wireless transmission errors, such redundancy does not
prevent loss of data due to interference (1.e., a distortion of
the recerved audio signal due to receipt of multiple wireless
signals). Upon the occurrence of mterfering signals, audio
created during a performance (e.g., a live performance) may
simply be lost due to the mability of the receiver to receive
a clean audio signal.

Typically, the quality of audio recorded by an audio
recording device 1s modified within the audio recorder. That
15, a user of the audio recorder listens to the received audio
and makes various adjustments to the audio recording cir-
cuitry to improve the quality thereotf. One such adjustment
1s gain, or amplification, of the received audio. In some such
systems, the change 1n gain or amplification of the audio 1s
made by modilying one or more amplification circuits
located 1n the audio recorder, and these adjustments may be
made locally at the audio recorder via knobs, slides, and the

like.

BRIEF SUMMARY OF THE INVENTION

Disclosed 1s a method of dynamically adjusting the power
level of at least one local audio device including the steps of:
querying a record status of a recorder; generating a power
command based upon the record status; transmitting the
power command to at least one local audio device; process-
ing of the power command by the at least one local audio
device; adjusting at least one local audio device parameter,
the parameter selected from the group consisting of RF
transmitter bias voltage, RF transmitter source voltage, RF
drive levels, and combinations thereof.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWINGS

The foregoing summary, as well as the following detailed
description of preferred embodiments of the invention, will
be better understood when read in conjunction with the
appended drawings. For the purpose of illustrating the
invention, there are shown in the drawings embodiments
that are presently preferred. It should be understood, how-
ever, that the invention 1s not limited to the precise arrange-
ments and instrumentalities shown. In the drawings:

FIG. 1 depicts the components of a recording system 1n
accordance with one embodiment of the present mvention
including, inter alia, local audio devices, a remote control
unit, a receiver, a recorder, and a mixer:
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FIG. 2A depicts a block diagram of the internal compo-
nents of a remote control unit in accordance with one
embodiment of the present invention;

FIG. 2B depicts an external, front view of a remote
control unit 1n accordance with one embodiment of the
present ivention;

FIG. 3A depicts a block diagram of the internal compo-
nents of a local audio device in accordance with one
embodiment of the present invention;

FIG. 3B depicts an external, front view of a local audio
device 1 accordance with one embodiment of the present
invention;

FIGS. 4A and 4B depict a process for operation of a
recording system in a synchronous timecode generator mode
in accordance with one embodiment of the present inven-
tion;

FI1G. 5 depicts a process for moditying the speed of a local
timecode generator as necessary to maintain 1ts synchroni-
zation with a master timecode generator 1n accordance with
one embodiment of the present invention;

FIG. 6 depicts a process for recording audio and for
replaying and re-recording segments of missed audio in
accordance with one embodiment of the present invention;

FIG. 7 depicts a process for operation of a recording
system 1n asynchronous timecode generator mode 1n accor-
dance with one embodiment of the present mnvention;

FIG. 8 depicts an external view of a multi-memory unit in
accordance with one embodiment of the present invention;

FIG. 9 depicts a process for interpolating timestamps for
unstamped audio samples based upon the timestamps of
stamped audio samples, and resampling the audio samples to
include the interpolated timestamps 1n accordance with one
embodiment of the present ivention;

FIG. 10 depicts a process for segmenting a single large
audio file into multiple smaller files that correlate to a master
directory of files in accordance with one embodiment of the
present ivention;

FIG. 11 depicts a process for generating commands at a
recorder;

FIG. 12 depicts a process for receiving commands at one
or more local audio devices;

FIG. 13 A depicts a block diagram of the internal compo-
nents ol a recorder in accordance with one embodiment of
the present invention;

FIG. 13B depicts an external, front view of an exemplary
recorder 1n accordance with one embodiment of the present
invention;

FIG. 14 depicts an exemplary format of a data packet in
accordance with one embodiment of the present invention;

FIG. 15 depicts exemplary gain adjustment and pream-
plifier circuit diagrams;

FIG. 16 depicts a process for automatically creating and
transmitting high and low power commands used to adjust
the power output of one or more local audio devices;

FIG. 17 depicts a process for receiving and processing a
low or high power command at a local audio device;

FIG. 18 depicts an exemplary transmitter amplification
circuit for use with the processes of FIGS. 16 and 17; and

FIG. 19 depicts a process for automatically creating and
transmitting high and low power commands used to adjust
the power output of one or more local audio devices in
accordance with an alternate embodiment of the present
invention.

DETAILED DESCRIPTION OF TH.
INVENTION

(Ll

Referring first to FIG. 1, depicted 1s recording system 100
in accordance with one embodiment of the present inven-
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tion. Recording system 100 wirelessly records audio events,
such as performances, movie takes, etc. having one or more
performers. In one aspect of the present invention, all of the
components of recording system 100 are synchronized to
allow each component to accurately stamp its recorded
audio with the time at which i1t occurred such that the
timestamps (1.€., information stored with an audio sample or
audio file conveying the time at which the audio sample or
first audio sample of the file occurred) created by each
individual component of recording system 100 are highly
accurate as compared to the timestamps created by all other
components of recording system 100. This accuracy allows
multiple individually recorded audio tracks to be combined
into one or more multi-track audio files electronically post-
recording. Furthermore, this accuracy allows recording sys-
tem 100 to automatically correct for any audio data lost
during an original recording due to wireless transmission
problems such as dropout, interference, etc. This automatic
correction may be performed either electronically or via
synchronized playback of the individually recorded audio
tracks. In another aspect of the present invention, the audio
recorded by recording system 100 may be recorded asyn-
chronously. In this scenario, the audio 1s synchronized
and/or mixed post-recording to automatically correct for any
audio data lost due to wireless transmission problems such
as dropout, interference, efc.

In the embodiment of the present invention depicted 1n
FIG. 1, recording system 100 includes local audio devices
102, remote control unmit (“RCU”) 104, receiver 106, and
recorder 108. In one embodiment, RCU 104 includes an RF
transmitter capable of transmitting one or more of a time
reference signal, digital commands, and audio to one or
more other components of recording system 100. Addition-
ally, RCU 104 may be equipped with the capability of
remotely controlling local audio devices 102, receiver 106,
and recorder 108 to perform tasks including, but not limited
to, mitiating audio playback of all local audio devices 102
starting at the same time reference, as well as recording
thereol by recerver 106 and recorder 108.

Both live and replayed audio transmitted by local audio
devices 102 may be received at recerver 106 and recorded by
audio recorder 108. Receiver 106 and recorder 108 may be
virtually any commercially available receiver and recorder.
Receiver 106 recerves the wireless RF signals (e.g., modu-
lated RF carrier signals) generated by all active local audio
devices 102 and converts the signals to a format capable of
being recorded by a commercially available recording
device including, but not limited to, Zaxcom, Inc.”’s DEVA®
multi-track recorder. In some embodiments, such commer-
cially available recording devices record audio with a locally
generated SMPTE-compatible timecode signal.

The ability to synchronize the local timestamps at each
local audio device 102 and recorder 108 using the methods
of the present mvention as discussed 1n greater detail below
allows any audio that 1s not recorded by recorder 108 during
an event due to transmission errors to be recovered by
replaying the missed audio and recording the replayed audio
in the correct time sequence with respect to the other audio
samples. In other words, since the audio samples are stored
locally 1n each local audio device 102 with timestamps that
are synchronized with the timestamps ol recorder 108,
whenever audio 1s not recorded at recorder 108, 1t may
simply be replayed at local audio devices 102 starting at the
timecode of the missed audio. Since the local audio device
and recorder timestamps are synchronized, the replayed
audio may be inserted in the proper time sequence with
respect to the other recorded audio samples based upon the
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synchronized timestamp data. Synchronization 1s essential
to ensure that each performer’s audio 1s synchronized with
all other performers’ audio and to ensure that the newly
recorded replayed audio 1s 1n the correct sequence with
respect to the previously recorded live audio. Such synchro-
nization must maintain a high accuracy for each performer’s
timestamps with respect to all other performers’ timestamps
to prevent the occurrence of phasing artifacts when the
multiple audio recordings are combined to create one single
recording.

In some embodiments of the present invention, receiver
106 automatically senses an error 1n transmission caused by,
for example, a communication loss, interference, etc. In
some embodiments of the present invention, the error in
transmission 1s sensed by comparing a calculated checksum
to the transmitted checksum to determine 1f data was lost
during transmission. An error 1s determined if the calculated
and transmitted checksums do not match. Upon sensing a
transmission error, recerver 106 may transmit a request to
RCU 104 requesting playback of the audio recorded locally
on local audio devices 102 beginning at a timecode prior to
the occurrence of the transmission error. In response, RCU
104 transmits a digital command to all local audio devices
102 to playback the audio stored 1n the respective memory
332 (FIG. 3) that occurred subsequent to the timecode
requested by receiver 106 1n the manner described below
with respect to FIG. 6.

Alternatively, playback may be requested manually by a
user of a recording system such as recording system 100. In
this scenario, upon hearing that a transmission error (i.e., a
loss of audio data) has occurred, the user manually prompts
RCU 104 to transmit a digital command to all local audio
devices 102 to playback the audio stored 1n memory 332
(FI1G. 3) that occurred subsequent to a time reference entered
at RCU 104 by the user. Such prompting may occur after the
audio event ends or immediately upon hearing the transmis-
sion error. If the latter option 1s chosen, prompting playback
of a specific segment of the audio event may index the local
audio devices to store the requested data in a protected
memory location until the end of the audio event to avoid
disrupting the recording. In this scenario, all requested audio
shall be replayed after the performance ends. In embodi-
ments of the present invention in which data 1s recorded in
a loop (1.e., when memory 1s full, new data overwrites
previously recorded data), writing the data to a protected
memory location removes 1t from the loop and protects it
from being overwritten.

FIG. 2A depicts a block diagram of one embodiment of
RCU 104 1n accordance with the present invention. In this
embodiment, RCU 104 includes, inter alia, RCU timecode
generator 204, RCU power supply 206, RCU transmitter
208, RCU local control unit 210, RCU audio mput device
212, RCU audio mput device port 214, RCU preamp 216,
RCU display 218, RCU keypad 220, RCU ADC 222, RCU
amp 226, timecode mput port 228, external interface 252,
and external interface port 254.

RCU transmitter 208 allows RCU 104 to transmit a
master time reference signal, digital commands, audio, and
the like to other devices such as local audio devices 102,
receiver 106, and recorder 108. In one aspect of the present
invention, the time reference signal 1s a SMPTE timecode
signal containing information regarding the hour, minute,
second, frame, type of timecode (1.e., nondrop or drop
frame), and user-definable mformation (e.g., the transport
status of recorder 108, the name of a scene, the name of a
take, a local audio device identifier that 1identifies the local
audio device that recorded the respective audio, a track
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identifier that identifies the track of audio which may include
the actor or actress recording the respective audio, etc.). This
master time reference signal provides a time reference for all
local audio devices 102, which may use this information for
a variety of purposes such as jam synchronizing their
respective local timecode generators 304 (FIG. 3A), adjust-
ing the speed of the local timecode generators 304 (FIG.
3A), imestamping locally recorded audio, etc. The master
time reference signal may be generated on board remote
control unit 104 via a mechanism such as RCU timecode
generator 204. Or, alternatively, the master time reference
signal may be generated by an independent timecode gen-
crator that transmits timecodes to remote control unit 104
wirelessly or via a cable or the like connected from the
independent timecode generator to timecode input port 228.
In the latter scenario, the timecodes received via timecode
mput port 228 are buflered and/or amplified by RCU amp
226 prior to transmission to RCU local control unit 210.

When recording system 100 1s operating 1n a synchronous
mode, transmission of the master time reference signal
ensures that all of the components of recording system 100
store all locally recorded audio with timestamps that are
highly accurate as compared to the timestamps of all other
local audio devices 102 and/or all other components of
recording system 100. The timestamps are then used during
playback and recording to ensure that the replayed audio
from all local audio devices 102 1s synchronized with
previously recorded audio and with the audio replayed by all
other local audio devices 102. In contrast, when recording
system 100 1s operating in an asynchronous mode, trans-
mission of the master time reference signal allows the files
containing recorded audio to be timestamped with the mas-
ter time reference information to allow the recorded audio to
be accurately synchronized post-recording.

RCU transmitter 208 also allows audio generated locally
at RCU 104 to be transmitted to the other components of
recording system 100. Such audio may be recerved from an
audio mput device such as RCU audio mput device 212 via
audio mput device port 214. RCU audio mput device 212
may be any type of commercially available audio input
device such as a microphone and audio input device port 214
may be any commercially available audio input device port
that 1s compatible with RCU audio input device 212 and the
internal components of RCU 104. The received audio as
well as any digital signals (e.g., microphone input level, line
iput level, etc.) are then bullered and/or amplified by RCU
preamp 216 and are converted from analog to digital by
RCU analog to digital converter (“ADC”) 222 such that the
audio may be read 1n digital form by RCU local control unit
210. This audio may then be processed and sent via RCU
transmitter 208 1n either analog or digital form. I the audio
1s to be sent 1n analog form, RCU local control unit 210 may
be equipped with an on-board digital to analog converter
(“DAC”) or an independent DAC may be incorporated in
RCU 104 without departing from the scope of the present
invention. Or, alternatively, analog audio received from
RCU audio mput device 212 may be passed directly to RCU
transmitter 208 for transmission 1n analog form to the other
components of the recording system. In such embodiments,
RCU transmitter 208 may be equipped with a frequency
modulation (“FM”) modulator or the like. Furthermore, in
such embodiments, although the analog audio 1s passed
through to RCU transmitter 208, the audio signal may be
additionally converted to digital form for local recording of
the received audio. In yet another alternate embodiment,
audio may be transmitted and recorded i1n analog form

thereby eliminating RCU ADC 222.
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In the aforementioned embodiments 1n which the audio
signal for a particular track of audio 1s converted to digital
form for local recording of the received audio, i1dentifiers
such as a local audio device 1dentifier that identifies the local
audio device that recorded the respective audio, a track
identifier that identifies the track of audio which may include

the actor or actress recording the respective audio, etc. may
be recorded with the recorded audio to allow the audio tracks

to be easily and quickly identified post-recording and/or

post-production. In some embodiments of the present inven-
tion, such identification information 1s stored in the local,
nonvolatile memory of the local audio device as a text file,
however, the present invention 1s not so limited. In another
aspect of the present invention, such i1dentification informa-
tion 1s encoded 1n the audio file such that 1t may be decoded
post-recording and/or post-production using methods known
in the art. Additionally, such i1dentification information may
be integral to a timecode or completely distinct therefrom.
Furthermore, such identification information may be pro-
grammed for each local audio device remotely via a remote
control unit such as RCU 104.

In some embodiments of the present invention, RCU local
control unit 210 may be a digital signal processor such as
Texas Instruments part number TMS320C3509A. However,
the present invention 1s not so limited. Any combination of
hardware and software may be substituted for any compo-
nent described herein without departing from the scope of
the present mnvention.

RCUs 104 may be handheld units such as RCU 104
depicted in FIG. 2B. In such an embodiment, display 218
may be a small liquid crystal display (“LCD”) or the like and
keypad 220 may include a plurality of buttons that allow a
user to perform local RCU functions including, but not
limited to, those that relate to RCU transmitter frequency,
group 1dentification (“ID”) code, umt ID code, and timecode
generator mode. For example, the RCU transmitter fre-
quency may be adjustable 1n predetermined frequency steps.
In most cases, this frequency will be set to match the
receiving frequency of other devices 1n the recording system
(e.g., local audio devices). Or, when multiple local audio
devices are imncorporated 1nto a group with an RCU, the RCU
as well as other components of the recording system (e.g.,
local audio devices) may be assigned a group ID to ensure
that the RCU 1s controlling the correct group of local audio
devices. Similarly, the unit 1D 1dentifies the specific one of
multiple local audio devices that a user wishes to control.
Setting the unit ID ensures that the control signals transmit-
ted by the RCU are received by the correct local audio
device. Also, timecode generator mode allows the RCU to
cither generate 1ts own timecodes or to receive timecodes
from an external timecode generator.

In addition to allowing a user to modily local RCU
settings, RCU keypad 220 and display 218 also allow the
RCU to remotely control individual local audio devices. The
user may perform a variety of functions for the local audio
device including, but not limited to, transmitter and receiver
frequencies, transmitter enable, microphone gain, high pass
filter, record mode select, time code entry, playback control,
audio bank storage, and status request.

For example, local audio device transmitter and receiver
frequencies may be adjustable in predetermined frequency
steps. Alternatively, the local audio device transmitter may
be remotely enabled and disabled. Microphone gain may be
adjusted, which 1 turn adjusts the current setting of a
preamp such as local preamp 316. Adjustment of the high
pass filter may be incorporated to enable and disable, or
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otherwise adjust, the high pass audio filter of the audio 1nput
device such as audio mput device 312.

In addition, record mode select allows recording modes
such as endless loop record mode or timed record mode to
be remotely adjusted. Timecodes may also be set remotely
for each local audio device. Playback control allows one or
more local audio devices to be commanded remotely to
playback audio starting at a specific timecode. Completion
of playback may be automatically or manually determined.
Functions such as audio bank storage allow a remote user to
manually store chunks of audio data 1n satfe locations of the
local audio device memory (1.¢., in locations in which the
audio data will not be overwritten). Finally, status of the
local audio device may be requested. The status may be
provided via display 218 or via spoken language generated
by local audio device 102 and transmitted to a receiver or
receiver/recorder combination for recording with the
recorded audio.

The RCU may also allow a user to program data at each
local audio device such as track identifiers, local audio
device 1identifiers, and the like. In such scenarios, such
identifiers are recorded with the respective audio to allow
the track, local audio device, etc. of the recorded audio to be
identified post-recording. That 1s, each segment of recorded
audio may be associated with a specific take, track, or the
like, as well as a specific local audio device. Such associa-
tion allows each portion of recorded audio (e.g., a track of
audio) to be quickly and easily identified post-production
and/or post-recording without confusion.

Although many specific features and functions for the
RCU have been delineated herein, other features and func-
tions may be added or eliminated without departing from the
scope of the present mnvention.

Additionally, handheld embodiments may include any
one of a variety of commercially available batteries to
function with the power supply 206 without departing from
the scope of the present invention. Power supply 206 may be
virtually any power component or combination thereof that
1s compatible with the other components of RCU 104
including, but not lmited to, a Texas Instruments
TPS62000DGS Power Module alone or in combination with
a Linear Technology LTC3402 Synchronous Boost Con-
verter.

However, non-handheld embodiments of RCU 104 are
also envisioned such as tabletop models, personal computer
(“PC”) models, etc. Also, RCU 104 may be optionally
equipped with external interface 252 (FI1G. 2A) to facilitate
connection of RCU 104 to a PC, laptop PC, dumb terminal,
or the like via external interface port 254. Such an interface
allows a user to control the components of recording system
100 via a graphical user interface or other software that may
operate on a larger user interface. Such an interface may
provide more features and functions than that available on a
portable, handheld device such as programming and execu-
tion of complex playback scenarios, automatic mitiation of
complex playback scenarios based upon detected audio
transmission errors, etc.

Turning next to FIG. 3A, depicted 1s a block diagram of
one embodiment of local audio device 102 in accordance
with the present invention. In one aspect of the present
invention, local audio devices 102 are digital, wireless audio
transceivers. Such audio devices may be manufactured in
the form of body-packs, such as those typically worn by
news announcers, performers, and the like. In the depicted
embodiment, local audio device 102 includes, inter alia,
local receiver 302, local timecode generator 304, local
power supply 306, local transmitter 308, local control unit
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310, local audio mput device 312, local audio input device
port 314, local preamp 316, local display 318, local keypad
320, local ADC 322, local DAC 324, local amp 326, local
audio output device port 328, local audio output device 330,
memory 332, comparator 334, oscillator 336, and counter
338.

Local transmitter 308 also allows audio generated locally
at local audio device 102 to be transmitted to the other
components of recording system 100. Such audio may be
received from an audio mput device such as local audio
input device 312 via local audio mput device port 314. Local
audio mput device 312 may be any type of commercially
available audio 1input device such as a microphone and local
audio mput device port 314 may be any commercially
available audio input device port that 1s compatible with
local audio input device 312 and the internal components of
local audio device 102. The received audio as well as any
digital signals (e.g., microphone input level, line input level,
etc.) are then bullered and/or amplified by local preamp 316
and are converted from analog to digital by local ADC 322
such that the audio may be read in digital form by local
control unit 310. This audio may then be processed and sent
via local transmitter 308 1n either analog or digital form. If
the audio 1s to be sent 1n analog form, local control unit 310
may be equipped with an on-board DAC or an independent
DAC may be incorporated 1n local audio device 102 without
departing from the scope of the present invention. Or,
alternatively, analog audio received from local audio input
device 312 may be passed directly to local transmitter 308
for transmission in analog form to the other components of
the recording system. In such embodiments, local transmit-
ter 308 may be equipped with a frequency modulation
(“FM”) modulator or the like. Furthermore, in such embodi-
ments, although the analog audio 1s passed through to local
transmitter 308, the audio signal may be additionally con-
verted to digital form for local recording of the recerved
audio. In yet another alternate embodiment, audio may be
transmitted and recorded 1n analog form thereby eliminating,
local ADC 322.

The gain of audio received from audio mput device 312
via audio mput device port 314 may be adjusted via an
exemplary gain adjustment circuit such as gain adjustment
circuit 1326 as depicted 1n FIG. 15. When local control unit
310 wirelessly receives the desired gain setting as described
in greater detail below with respect to FIG. 12, it converts
the recerved setting to a digital command to be transmitted
to gain adjustment circuit (“GAC”) DAC 1510. The digital
command may be derived from a look up table or the like
that equates incoming desired gain settings to corresponding,
GAC DAC 1510 commands. The GAC DAC 1510 recerves

its digital command and converts 1t to an analog signal that
1s applied to one or more GAC LEDs 1512. GAC LEDs
1512 may be any commercially available LEDs such as, but
not limited to, a Lumex SML-LX06035RW LED. The light
generated by GAC LEDS 1512 varies based upon the digital
command received from local control unit 1310.

The light generated by GAC LEDs 1512, as well as the
audio received locally from audio mput device 312 1is
received by local preamp 316. In this embodiment of the
present nvention, local preamp 216 1s a preamplification
circuit. This circuit includes, inter alia, one or more photo-
cells 1514 and a plurality of amplifiers 1516. Photocells
1514 may be any commercially available photocell such as,
but not limited to, cadmium sulfide (*CdS”) photocells such
as Silonex NSL-6112 photoconductive cells. Each photocell
1514 varies 1ts resistance between two terminals based upon
the amount of photons 1t receives. This varying resistance
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varies the analog signals applied to the mput terminals of the
plurality of amplifiers 1516 to vary the amplification of the
audio received from audio mput device 312 as desired by a
user of recording system 100. The amplified audio, as output
by amplifiers 1516, 1s then transmitted to local ADC 322.
Local ADC 322 converts the amplified audio signals to
digital form for transmission to local control unit 310. It
should be noted that the depicted gain adjustment and
preamplification circuits are merely exemplary and any
other compatible hardware or software capable of adjusting
gain and/or amplifying analog signals may be substituted
without departing from the scope of the present mnvention.

In some embodiments of the present invention, local
control unit 310 may be a digital signal processor such as
Texas Instruments part number TMS320C5509A. However,
the present invention 1s not so limited. Any combination of
hardware and software may be substituted for any compo-
nent described herein without departing from the scope of
the present ivention.

Similarly, local receiver 302 allows audio received from
other components of recording system 100 to be played
locally at local audio device 102. Such audio may be
received 1n either analog or digital form at local recerver
302. However, 1 the audio 1s to be received 1n analog form,
local control umt 310 may be equipped with an on-board
ADC or an independent ADC may be incorporated 1n local
audio device 102 without departing from the scope of the
present invention to allow local control unit 310 to receive
the audio 1 digital form. Thereafter, the audio may be
processed or relayed directly to local DAC 324, which
converts the audio data back to analog form. The analog
audio may then be amplified by local amp 326 prior to
transmission through local audio output device port 328 to
local audio output device 330. Local audio output device
330 may be any type of commercially available audio output
device such as headphones, speakers, and the like, and local
audio output device port 328 may be any commercially
available audio output device port that 1s compatible with
local audio output device 330 and the internal components
of local audio device 102. Local receiver 302 may be
virtually any receiver compatible with the other components
of local audio device 102 including, but not limited to, a
Micrel Semiconductor MICRF305 RadioWire® transceiver.

Memory 332 of local audio device 102 locally stores
audio processed by local control unit 310 in one or more
audio files. In one aspect of the present invention, local
control unit 310 recerves recordable audio from local audio
input device 312, which may be worn by the performer and
connects to local audio device 102 at local audio 1nput
device port 314. However, 1n alternate embodiments, local
control unit 310 may also receive audio from other compo-
nents of recording system 100 via local recerver 302. The
locally stored audio files may include identification data
such as local audio device identifiers, track identifiers,
performer 1dentifiers, and the like as discussed 1n greater
detail above. Furthermore, the locally stored audio files
include timestamps (e.g., timestamps may be stored 1n the
header of the audio file) that indicate when, during the audio
event, each segment of audio occurred. The timestamps may
be generated based upon timecodes created by local time-
code generator 304 or based upon master timecodes. Such
master timecodes may be received using a plurality of
methods or components including, but not limited to, wire-
lessly from a master timecode source through local receiver
302, from a timecode source connected to local audio mput
device port 314, and from local audio mput device 312
wherein the master timecodes are recerved from an ultra-
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sonic signal. Local timecode generator 304 may be synchro-
nized with the master timecode generator during recording
of the audio event as described 1n further detail below with
respect to FIG. 5. Or, alternatively, the timestamps may be
synchronized post-recording as described in further detail
below with respect to FIGS. 9 and 10. Simultaneous with the
local recording of audio received from local audio nput
device 312, this audio may also be transmitted through local
transmitter 308 to receiver 106 and/or recorder 108 to allow
recording of the audio event. In this scenario, receiver 106
and/or recorder 108 may simultaneously record a multi-track
recording of all of the single tracks of audio received from
local audio devices 102, which are worn by the performers
of the audio event.

Memory 332 may be virtually any type of commercially
available removable or non-removable memory including,
but not limited to, flash memory cards, compact flash
memory cards, Universal Serial Bus (“USB”) thumbdisks,
and the like. Use of removable memories 332 facilitates
removal and insertion of these memories mto a PC or the
like for electronic combination or mixing of the recorded
audio data. Such electronic mixing may be performed via
commercially available software such as Pro Tools or the
like and may be performed 1n addition to or 1n lieu of live
wireless recording of the audio event.

Local audio devices 102 also recerve non-audio informa-
tion (e.g., time reference signals, digital commands, audio,
etc.) from other components of recording system 100 via
local recerver 302. During synchronous operation of record-
ing system 100, a portion of the recerved data may be used
to synchronize local timecode generator 304 to the master
timecode generator integral to one of the components of
recording system 100 (e.g., RCU 104, recorder 108, etc.)
using a process such as that described below with respect to
FIGS. 4A, 4B, and 5 or an equivalent thereof. Alternatively,
during asynchronous operation of recording system 100, the
received data may include master timecodes from the master
timecode generator that may be used to timestamp 1ndi-
vidual audio samples and/or files such that the audio
received at multiple local audio devices 102 may be syn-
chronized post-recording using one of the methods dis-
cussed below with respect to FIGS. 9 and 10 or an equivalent
thereof.

As described 1n further detail below with respect to FIG.
5, local audio devices 102 operating 1n the synchronous
mode may require one or more of comparator 334, oscillator
336, and counter 338. In one aspect of the present invention,
oscillator 336 1s a 48 kilohertz (“kHz”) voltage controlled
oscillator. However, alternate embodiments of oscillator 336
may be substituted without departing from the scope of the
present invention including but not limited to a high speed
clock divided to produce 48 kHz. In the embodiment of the
present mvention depicted 1n FIG. 3A, oscillator 336 feeds
the sample rate mput of local ADC 322, as well as counter
338, which provides a time reference for local timecode
generator 304. In this configuration, 1f local ADC 322 1s set
to operate at 48 kHz, varying the voltage applied to the clock
control mput of oscillator 336 will proportionately vary the
output of oscillator 336 and, consequently, the sample rate of
local ADC 322 and the rate at which local timecode gen-
crator 304 keeps time.

When local audio devices 102 such as those depicted in
FIG. 3A are used in conjunction with recorders 108 that
incorporate a single clock to both regulate the speed of the
master timecode generator and control the internal recorder
ADC sample rate, comparators 334 help maintain synchro-
nization of local audio devices 102 with each other and with
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recorder 108 by varying the speed of the respective local
timecode generators 304 and the sampling rate of the
respective local ADCs 322. As per an algorithm or hard-
wired logic that duplicates the sequence depicted in FIG. 5,
or an equivalent thereof, comparators 334 compare the
timecodes generated by the master timecode generator with
timecodes generated by the locally timecode generator and,
il necessary, increase or decrease the speed of the respective
local timecode generator 304 and the sampling rate of the
respective local ADC 322 such that these speeds are syn-
chronized with the speed of the master timecode generator
and the ADC of recorder 108. That 1s, comparators 334
generate, through software or hardware, the voltage that 1s
applied to the clock control input of the respective oscillator
336 that proportionately varies the sample rate of local ADC
322 and the rate at which local timecode generator 304 keeps
time as necessary to maintain synchronization with the
sample rate of the ADC of recorder 108 and the master
timecode generator, respectively. In this manner, all local
audio devices 102 and recorder 108 sample at virtually
identical sample rates allowing a wireless recorder 108, or a
wireless recorder/recerver combination, to accurately com-
bine multiple independent tracks of audio, wherein each
independent track of audio 1s received from one of the
performer’s local audio device 102.

Whenever playback of locally recorded audio 1s required
(e.g., to remedy recording errors caused by transmission
losses), RCU 104 transmits a digital command to all local
audio devices 102 to playback the audio data stored in the
respective memories 332 starting with and subsequent to a
specific time reference as indicated by a specific timecode.
The digital command 1s received by local receivers 302,
which transmit or relay the command to their respective
local control unit 310. Thereatfter, local control units 310
access the data stored in the respective memory 332 and
cause this data to be played or transmitted sequentially via
local transmitter 308 starting with the data associated with
the requested timecode. The use of timecodes and synchro-
nization of local and master timecode generators, as well as
local and recorder audio sampling rates, as discussed herein
allows multiple local audio devices 102 to replay audio with
the exact timing that occurred during the audio event.

Local audio devices 102 may be bodypacks such as the
local audio device 102 depicted in FIG. 3B. In such an
embodiment, display 318 may be a small liquid crystal
display (“LCD”) or the like and keypad 320 may include a
plurality of buttons that allow a user to perform functions
including, but not limited to, those that relate to transmaitter
frequency, receiver frequency, microphone gain, high pass
filter, group ID code, unit ID code, transmitter encryption
code, and transmitter operating mode. For example, trans-
mitter and receiver frequencies may be adjustable 1n prede-
termined {frequency steps. Microphone gain may be
adjusted, which 1n turn adjusts the current setting of a
preamp such as local preamp 316. Adjustment of the high
pass filter may be incorporated to enable and disable, or
otherwise adjust, the high pass audio filter of the audio 1nput
device such as audio mput device 312.

When multiple local audio devices are incorporated in to
a group, each local audio device 1n the group as well as other
components of the recording system (e.g., an RCU) may be
assigned a group ID. Similarly, the unit ID i1dentifies each
specific local audio device within the group of local audio
devices.

For local audio devices transmitting encrypted audio and
data, the transmitter encryption code 1s set to match the
encryption code of all receiving devices (e.g., an RCU,
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recorder, or receiver). Correctly setting this code allows the
receiving device to properly decrypt the received transmis-
sion, while preventing unauthorized users from recording
the data.

The operating mode of each local audio device can
encompass any one of a number of modes. For example, the
operating modes may include USA or European modes, as
well as stereo modes. Selection of a specific mode may alter
settings such as transmitter bandwidth, audio sampling
parameters, and the like.

Although many specific features and functions for the
local audio devices have been delineated herein, other
features and functions may be added or eliminated without
departing from the scope of the present invention.

Additionally, handheld embodiments may include any
one of a vaniety of commercially available batteries to
function with the power supply 306 without departing from
the scope of the present invention. Power supply 306 may be
virtually any power component or combination thereof that
1s compatible with the other components of local audio
device 102 including, but not limited to, a Texas Instruments
TPS62000DGS Power Module alone or in combination with
a Linear Technology LTC3402 Synchronous Boost Con-
verter.

Alternate embodiments of local audio device 102 are
envisioned 1n which local recerver 302 are eliminated. In one
such embodiment, local transmitter 308 1s enabled whenever
an audio event requiring recording 1s occurring. Local
timecode generator 304 may be designed to generate time-
codes whenever local transmaitter 308 1s enabled. When local
transmitter 308 1s not operating, the current value of local
timecode generator 304 1s stored in non-volatile memory to
allow local timecode generator 304 to continue counting
from the last generated timecode when the local transmitter
308 1s re-enabled. Such embodiments include a timecode
generator capable of generating unique timecodes for sev-
eral years without a repeated timecode.

During recording, each local audio device 102 transmits
data to one or more receivers and/or recorders. During
recording, the receivers and/or recorders automatically
detect corrupted audio data received from local audio
devices 102 and maintain a list of same. The list of corrupted
audio data contains references to the respective local audio
device 102 from which the corrupted audio data was
received to allow such data to be recovered post-recording.

Post-recording, memories 332 may be removed from each
local audio device 102 such that locally recorded data may
be retrieved and used to repair the corruption of the audio
file generated by the receiver/recorders that occurred due to
the receipt of corrupted audio data. Such data recovery may
be performed using the multi-memory unit of the present
invention or an equivalent. In one embodiment, the multi-
memory unit may connect directly to the receivers and/or
recorders to allow this equipment to directly retrieve the
required audio data. In another embodiment, memories 332
may be connected directly to the recervers/recorders for
retrieval of the audio data, thereby eliminating the need for
any extraneous equipment such as a personal computer.
Identifiers such as local audio device 1dentifiers, track 1den-
tifiers, performer identifiers, and the like may be decoded
from the audio data to allow the file manipulator to more
quickly and easily manipulate the audio data.

Since the timecodes generated locally by each local audio
device 102 may vary with respect to each other, the receiv-
ers, and/or the recorders, the present mvention provides a
method for ensuring that audio data retrieved from memo-
ries 332 1s mserted 1n the proper time sequence with respect
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to the audio file(s) generated by the receiver/recorders. To
achieve this, during recording, the receiver(s) and/or record-
ers generate or populate a cross-reference table, database, or
the like that correlates the timecodes of the audio files
generated by the recerver/recorders, as well as the timecodes
of all audio data received from all local audio devices 102.
That 1s, the cross-reference mechanism correlates each time-
code generated by a receiver or recorder to each timecode
generated by each local audio device. In this manner, the
timecodes of audio retrieved from memories 332 may be
cross-referenced to determine the correlating timecode of
the audio file generated by the receiver/recorders. Thereal-
ter, the retrieved audio may optionally be re-stamped with
the timecode of the receiver/recorder and inserted in its
proper place within the receiver/recorder audio file. In this
manner, audio may be wirelessly recorded with zero data
loss.

Referring now to FIG. 4A, illustrated 1s a flow diagram of
one embodiment of a process for operation of a recording
system such as recording system 100 in synchronous time-
code generator mode 1n accordance with one embodiment of
the present invention. Process 400 begins at 402. For
example, at 402, one or more performers may each don a
local audio device, such as local audio device 102 as
described with respect to FIGS. 1, 3A, and 3B. Also, a sound
engineer or other personnel may be equipped with a control
unmit such as RCU 104. Process 402 then proceeds to 404.

At 404, imitialization occurs. During imtialization, the
local control unit such as local control unit 310 or other form
of central processing unit 1s reset. Therealter, the local
transmitter, local receiver, ADC, DAC, and local timecode
generator clock are mitialized. The process then optionally
proceeds to 406, at which the sampling rate of the ADC 1s
set. Alternatively, the sampling rate may be set via hardware
or via software executed as part of a separate algorithm. In
some embodiments of the present invention, a sample rate of
48 kHz 1s incorporated.

Next, at 408, wireless receive channels are established
between the local audio device and one or more wireless
devices such as RCUs (e.g., RCU 104), recetvers, and audio
recorders. To establish the channel, the local receiver of the
audio device receives one or more data packets from the
remote wireless device and stores the packets 1n a designated
bufler. For example, when establishing wireless communi-
cation with a RCU, the local audio device may receive one
or more data packets containing information such as a
master timecodes, transport status (1.e., transport mode of an
audio recorder), and the like. These packet(s) are then stored
in an RX bufler (1.e., a reserved segment ol memory used to
hold data while it 1s being processed). Process 400 then
proceeds to 410.

At 410, the local control unit reads the master timecode
contained 1n the RX bufler and jam synchronizes the local
timecode generator with the master timecode. The jam sync
synchronizes the local audio device with the RCU while
allowing the local audio device to supply 1ts own timecode.
Local supply of synchronized timecodes ensures proper
timing during periods 1in which the master timecodes cannot
be read (e.g., the RCU 1s temporarily unstable, wireless
communication dropouts, etc.). Local supply of timecodes
also allows local identifiers such as local track identifiers,
local audio device identifiers, and the like to be added to the
respective local audio device timecode. Such i1dentifiers
allow the locally recorded audio to be distinguished from
audio recorded by other local audio devices. Such ability to
distinguish 1s particularly usetul to quickly and easily 1den-
tify the audio tracks post-recording.
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Next, at 412, process 400 queries the transport status
stored 1n the RX buifler. If at 412, the transport status 1s stop,
process 400 returns to 410. However, 11 at 412, the transport
status 1s record, process 400 proceeds to 414. At 414, a new
audio file 1s created 1n memory (e.g., on a flash card) and the
newly created file 1s timestamped. In one aspect of the
present invention, timestamping includes storing the time-
code 1n the file header. Process 400 then proceeds to 416.

At 416, the local control unit waits for an audio sample
interrupt from the ADC. Once an audio sample interrupt
occurs, process 400 proceeds to 418. At 418, the audio
sample 1s retrieved from the ADC and stored in the local
memory. In one aspect of the present invention, the audio
sample 1s stored in the next available address of the local
memory. Next, at 420, the timecode generator counter 1s
incremented, thereby indicating that the time period for one
sample of audio has elapsed.

Process 400 then proceeds to 422, at which the local
control unit transmits the audio sample through the local
transmitter to the other wireless devices such as RCUs,
receivers, audio recorders, and the like. For example, audio
from multiple local audio devices may be transmitted to a
multi-track recorder for recording of the audio event while
cach local audio device locally records its performer’s audio.
At 424, process 400 queries the RF bufler of the local
receiver to determine the availability of a new master
timecode packet. If at 424, a new master timecode packet
has not been received from the RF receiver, process 400
returns to 416. However, 1l at 424, a new master timecode
packet has been received, process 400 proceeds to 426 as
depicted 1n FIG. 4B.

At 426, process 400 executes a feedback loop algorithm,
which modifies the speed of the local timecode generator as
necessary to maintain its synchronization with the master
timecode generator (e.g., a timecode generator contained
within the RCU or master recorder). This algorithm may be
implemented using any one of a variety of methods. In one
embodiment of the present invention, a feedback loop algo-
rithm, such as process 500 depicted in FIG. 5, modulates a
low-pass filtered feedback error voltage that 1s supplied by
the local control unit directly to the local oscillator. The local
oscillator then controls the sample rate of the ADC and the
speed of the local timecode generator by supplying the
teedback error voltage to the ADC’s sample rate input and
the local timecode generator’s clock control input. Alterna-
tively, a comparator independent of the local control unit
may perform the comparison of the master timecodes and
the local timecodes and may vary the sample rate of the
ADC and the speed of the local timecode generator by
directly supplying the feedback error voltage to the oscilla-
tor. A variety of hardware and software equivalents of this
function may be substituted without departing from the
scope of the present mnvention.

Referring now to FIG. 5, the feedback loop algorithm
begins at 502. At 504, the current local timecode 1s retrieved
from the timecode generator such as local timecode genera-
tor 304 and 1s written to the variable TCgen. Process 500
proceeds to 3506. At 506, the current master timecode 1s
retrieved from the RX bufler of the local receiver and 1s
written to the variable TCrx and process 500 proceeds to
508. At 508, variable TCdifl 1s calculated by subtracting
TCrx from TCgen. Process 300 then proceeds to 310, at
which process 500 compares TCdifl to zero. If, at 510,
TCdifl 1s less than zero, process 500 proceeds to 312, at
which the feedback error voltage supplied to the local
oscillator’s DAC by the local control unit 1s increased above
the previously supplied feedback error voltage. The local
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oscillator’s DAC then supplies the new feedback error
voltage to the local oscillator, which, 1n turn, supplies a new
clock mput voltage to the local timecode generator and a
new sample rate iput to the ADC. In this manner, the speed
of the local timecode generator and the sample rate of the
ADC are increased to maintain synchromzation with the
master timecode generator. However, alternate embodiments
of the present invention are envisioned 1n which only one of
either the speed of the local timecode generator or the
sample rate of the ADC 1s modified.

Alternatively, 11 at 510 TCdifl 1s not less than zero,
process 500 proceeds to 514, at which TCdifl 1s analyzed to
determine 1f 1t 1s greater than zero. If yes, process 500
proceeds to 516 and the feedback error voltage supplied to
the local oscillator’s DAC by the local control unit 1s
decreased below the previously supplied feedback error
voltage. The local oscillator’s DAC then supplies the new
teedback error voltage to the local oscillator, which, 1n turn,
supplies a new clock input voltage to the local timecode
generator and a new sample rate mput to the ADC. In this
manner, the speed of the local timecode generator and the
sample rate of the ADC are decreased to maintain synchro-
nization with the master timecode generator. However, alter-
nate embodiments of the present invention are envisioned in
which only one of either the speed of the local timecode
generator or the sample rate of the ADC 1s modified.
Furthermore, alternate embodiments are envisioned 1n
which an inverse relationship occurs (e.g., DAC voltage 1s
increased when TCDifl 1s greater than zero and 1t 1s
decreased when TCDafl 1s less than zero).

[T TCdadT 1

1s neither less than zero as determined at 510 or
greater than zero as determined at 514, then TCdifl 1s equal
to zero. In this scenario, the local and master timecode
generators are synchronized and, therefore, no adjustment 1s
made to the speed of the local timecode generator. At this
point, process 500 ends at 518.

Although FIG. 5 depicts one method of performing a
teedback loop, many variations of this feedback loop may be
substituted without departing from the scope of the present
invention. For example, the feedback loop may be 1imple-
mented as a digital phased locked loop that re-samples the
audio 1n a manner that simulates a hardwired feedback loop.
Also, the feedback loop may include a low pass filter.

Reterring back to FIG. 4B, after execution of the feedback
loop algorithm at 426, process 400 proceeds to 428. At 428,
the local timecode generator 1s jam synchronized with the
newly recerved master timecode read from the RX bulfler.
Next, process 400 optionally proceeds to 430, at which a
timecode 1s stored as an escape sequence 1n the next avail-
able address of the local memory. The escape sequence
stores a master timecode 1n addition to the locally generated
timestamp. This escape sequence may be used post-process-
ing to resample the audio based upon interpolated master
timecode data. Process 400 then proceeds to 432. At 432,
process 400 queries the continuous loop record mode. If at
432 the continuous loop record mode 1s enabled, process 400
returns to 416 to wait for an audio sample interrupt from the
ADC as discussed above. However, 1f at 432, the continuous
loop record mode has not been enabled, process 400 pro-
ceeds to 434. At 434, process 400 queries the transport
status. If at 434 the transport status 1s record, process 400
returns to 416 to wait for an audio sample mterrupt from the
ADC as discussed above. However, if at 434, the transport
status 1s stop, process 400 returns to 410, at which process
400 continuously jam synchronizes the local timecode gen-
erator with the master timecodes received 1n the RX buller
until the transport status changes from stop to record at 412.
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Turning next to FIG. 6, illustrated 1s a flow diagram of one
embodiment of a process for recording audio and for replay-
ing and re-recording segments of missed audio 1n accor-
dance with embodiments of the present invention. Process
600 begins at 602. For example, at 602, one or more
performers may each don a local audio device, such as local
audio device 102 as described with respect to FIG. 2A.
Process 600 then proceeds to 604.

At 604, a master unit, such as RCU 104, recerver 106, or
recorder 108 transmits master timecodes to each local audio
device, and process 600 proceeds to 606. At 606, cach local
audio device synchronizes (e.g., jam syncs) its respective on
board local timecode generator with the master timecodes
received from the master unit, thereby synchronizing all
local audio device timecode generators with the master
timecode generator contained within the master unit. Pro-
cess 600 then proceeds to 608. At 608, local audio devices
begin locally recording audio received from an audio input
device. This audio 1s stored 1n the memory of the respective
local audio device with timestamps generated by the local
timecode generator. Identifiers such as track identifiers, local
audio device 1dentifiers, and the like may also be stored 1n
the memory of the respective local audio device to allow the
locally recorded audio to be associated by track, local audio
device, or the like post-recording. Each local audio device
also simultaneously transmits its received audio to recorders
or recerver/recorder combinations such as recervers 106 and
recorders 108 1n real time. Such audio may be transmitted
alone or 1n combination with its respective timecodes. The
audio recerved from each of the local audio devices (e.g., the
local audio device of each performer) may be combined to
create one or more multi-track audio files that are stored with
master timestamps generated by the receiver/recorder’s
internal master timecode generator. In some embodiments of
the present invention, local timecodes generated by the
respective local audio device are stored with the multi-track
audio files 1n addition to the master timestamps.

Process 600 then proceeds to 610. At 610, process 600
queries the imtiation of audio replay. The initiation of audio
replay may be manual or automatic. For example, 1f a user
detects a loss of audio, the user may manually 1nitiate audio
replay beginning at the specific timecode reference at which
the transmission error occurred. Alternatively, 11 a loss of
audio 1s automatically detected by the receiving equipment,
a playback request may be sent from the recerving equip-
ment to the controlling unit such as a remote control unit. In
response, such controlling unit may command the local
audio devices to replay or retransmit the missed audio to the
receiving equipment beginming at the timecode at which the
loss of data occurred or at a conveniently close time thereto
(e.g., zero to ten seconds prior to the loss of data).

If, at 610, audio replay 1s not imtiated either manually or
automatically, process 600 returns to 608. However, 1ii, at
610, audio replay 1s 1nitiated, process 600 proceeds to 612.
At 612, a controlling unit, such as RCU 104, sends a signal
to the local audio devices requesting playback of the stored
audio starting at a specific timecode.

Next, at 614, each local audio device processes the
playback command and synchronizes playback to the time-
code contained in the playback command. In addition, at
least one local audio device transmits the synchronization
data to the recerving equipment (e.g., recerver 106, recorder
108, etc.) to synchronize recording of the replayed audio.
Process 600 then proceeds to 616. However, in alternate
embodiments of the present invention, the receiving equip-
ment and the local audio devices may simultaneously
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receive the synchronization and time reference data from the
transmitting equipment (e.g., the controlling unit).

At 616, one or more local audio devices transmit, or
replay, 1ts respective stored audio starting with the audio that
corresponds to the time specified by the timecode. The
receiving equipment simultaneously records the replayed
audio from each of the local audio devices and stores it
within the previously recorded audio according to 1ts time-
code data. That 1s, due to the highly accurate synchroniza-
tion of all of the components of the recording system, the
receiving equipment may insert the replayed audio data that
was not recorded during the audio event due to wireless
transmission errors into the original recording at the nearly
the exact time at which the missed audio originally occurred,
thereby compensating for any transmission losses. Process
600 then proceeds to 618. At 618, one or more local audio
devices continue to replay audio while the recerving equip-
ment records the audio.

At 620, process 600 queries the status of audio replay. If,
at 620, the audio has been fully replayed, process 600
proceeds to 608. At 608, the local audio devices may record
a new audio event or may replay a different segment of
recorded data. Otherwise, 11, at 620, all requested audio has
not been replayed or re-recorded, process 600 returns to 618.

Referring now to FIG. 7, illustrated 1s a flow diagram of
one embodiment of a process for operation of a recording
system such as recording system 100 1n asynchronous
timecode generator mode in accordance with one embodi-
ment of the present invention. Process 700 begins at 702. For
example, at 702, one or more performers may each don a
local audio device, such as local audio device 102 as
described with respect to FIGS. 1, 3A, and 3B. Also, a sound

engineer or other personnel may be equipped with a control
unit such as RCU 104. Process 702 then proceeds to 704.

At 704, imitialization occurs. During initialization, the
local control unit such as local control unit 310 or other form
of central processing unit 1s reset. Thereaiter, the local
transmitter, local receiver, ADC, DAC, and clock are 1ni-
tialized. The process then proceeds to 706, at which the
sampling rate of the ADC 1s set. In some embodiments of the
present invention, a sample rate of 48 kHz 1s incorporated.

Next, at 708, wireless receive channels are established
between the local audio device and one or more wireless
devices such as RCUs (e.g., RCU 104), receivers, and audio
recorders. To establish the channel, the local receiver of the
audio device recerves one or more data packets from the
remote wireless device and stores the packets 1n a designated
bufler. For example, when establishing wireless communi-
cation with a RCU, the local audio device may receive one
or more data packets containing information such as a
timecode, transport status (1.e., transport mode of an audio
recorder), and the like. These packet(s) are then stored in an
RX buliler. Process 700 then proceeds to 710.

At 710, the local control unit reads the transport status and
the master timecode contained 1n the RX bufler. Next, at
712, process 700 quernies the transport status. If at 712, the
transport status 1s stop, process 700 returns to 710. However,
i at 712, the transport status 1s record, process 700 proceeds
to 714. At 714, a new audio file 1s created in memory (e.g.,
on a flash card) and the timecode is stored in the header of
the newly created file. Such timecode may optionally
include 1dentification information such as track identifiers,
local audio device, 1dentifiers, and the like. Or, alternatively,
such 1dentification information may be stored in the newly
created file 1n a location other than the timecode. For
example, such i1dentification mmformation may be stored 1n
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the data stream in the header of the newly created file.
However, the present invention 1s not so limited. Process

700 then proceeds to 716.

At 716, the local control unit waits for an audio sample
interrupt from the ADC. Once an audio sample interrupt
occurs, process 700 proceeds to 718. At 718, the audio
sample 1s retrieved from the ADC and stored in the local
memory. In one aspect of the present invention, the audio
sample 1s stored 1n the next available address of the local
memory. Process 700 then proceeds to 720, at which the
local control unit transmits the audio sample through the
local transmitter to the other wireless devices such as

recervers, audio recorders, and the like.

At 722, process 700 queries the RF bufler of the local
receiver to determine the availability of a new master
timecode packet. If at 722, a new master timecode packet
has not been received from the RF receiver, process 700
returns to 716. However, 1f at 722, a new master timecode
packet has been recerved, process 700 optionally proceeds to
724. At 724, the timecode 1s stored as an escape sequence 1n
the next available address of the local memory. Process 700
then proceeds to 726. At 726, process 700 queries the
continuous loop record mode. It at 726 the continuous loop
record mode 1s enabled, process 700 returns to 716 to wait
for an audio sample interrupt from the ADC as discussed
above. However, 11 at 726, the continuous loop record mode
has not been enabled, process 700 proceeds to 728. At 728,
process 700 queries the transport status. If at 728 the
transport status 1s record, process 700 returns to 716 to wait
for an audio sample terrupt from the ADC as discussed
above. However, 1f at 728, the transport status 1s stop,
process 700 returns to 710, at which process 700 continu-
ously reads the transport status and master timecodes from
the RX bufler until the transport status changes from stop to
record at 712.

Operation of the present invention 1n asynchronous mode
allows one or more components of local audio devices such
as local audio devices 102 (e.g., local timecode generator,
comparator, counter, etc.) to be eliminated i embodiments
in which the local audio devices utilize master timecodes
generated by the master timecode generator rather than
locally generated timecodes.

Referring next to FIG. 8, depicted 1s multi-memory unit
800 for reading and/or reformatting audio files recorded on
a plurality of local audio device memories (e.g., memories
332). In its sumplest form, such as the embodiment depicted
in FIG. 8, multi-memory umt 800 includes a plurality of
individual memory ports 802a-802f (e.g., tlash memory card
drives, compact tlash memory card drives, USB thumbdisk
ports, etc.). Also optionally included 1s a plurality of
memory status displays 804a-804f to indicate to a user
which memory ports 802 are 1 use. Similarly, power status
display 806 and external connection status display 808 may
be optionally mncluded to indicate the presence of power and
an external connection (e.g., a personal computer), respec-
tively. Multi-memory unit 800 may be equipped with an
integral user interface or may be connected to an external
interface (e.g., a personal computer) to allow the audio files
contained on each memory to be manipulated and/or read.

In one aspect of the present invention, the memory of each
local audio device such as local audio device 102 may be
removed after completion of a performance, videotaping,
ctc. Each memory may then be inserted 1nto a corresponding
one ol memory ports 802. Thereafter, all of the individual
audio files may be combined to provide one or more
comprehensive audio files. Or, alternatively, each audio file
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may be individually reformatted or otherwise manipulated
prior to creation of one or more comprehensive audio files.

In embodiments of the present mvention in which the
recording system recorded the audio event 1n asynchronous
mode, or in which long periods (e.g., 8 hours) of recording
occurred, multi-memory unit 800 may be used to resample
the audio samples to ensure that each audio file’s timestamps

are properly synchronized. One example of such as process
1s 1llustrated 1n the flowchart of FIG. 9.

In some embodiments of the present mvention, multi-
memory unit 800 may allow i1dentification information such
as track identifiers, local audio device identifiers, and the
like to be added to each portion of audio stored in memory
332. In such embodiments, multi-memory umt 800 may
have the ability to modity the timecode(s) associated with
cach portion of audio recorded on each memory 332 to add,
modily, or delete the desired 1dentification mformation. Or,
alternatively, multi-memory unit 800 may have the ability to
add such 1dentification information to each portion of audio
stored 1n memory 332 1n a location other than the timecode
(e.g., 1n a file header).

Referring now to FIG. 9, 1llustrated 1s a flow diagram of
one embodiment of a process for interpolating timestamps
for unstamped audio samples (1.e., audio samples that are not
associated with a master timecode timestamp) based upon
the timestamps ol stamped audio samples (i.e., audio
samples that are associated with a master timecode time-
stamp), and resampling the audio samples to include the
interpolated timestamps 1 accordance with embodiments of
the present invention. After recording of an audio event, the
audio data stored in the memory of the local audio device
(e.g., memory 332) will typically be stored as an audio
sample stream wherein approximately one out of every one
thousand to one hundred thousand samples includes a time-
stamp generated by a remote master timecode generator.
However, the interval between timestamped audio samples
may be greater than the aforementioned interval if the
wireless timecode link was less reliable than a standard
wireless link.

The resampling process depicted mn FIG. 9, and equiva-
lents thereof, analyze the occurrence of the relatively sparse
timestamped audio samples to generate a linear interpolation
or a best fit curve. This curve 1s then used to interpolate
timestamps for the unstamped audio samples. After the
timestamp ol each audio sample has been interpolated, the
audio samples may then be re-sampled such that the audio
samples are now synchronized with samples generated by
the master timecode generator. In one aspect of the present
invention, the audio samples are resampled based upon the
calculated curve to simulate the condition of an ADC whose
sample rate input was driven directly by the master timecode
generator’s source.

If all of the audio from all local audio devices 1s resa-
mpled 1n this manner, each resulting resampled audio file
appears as 1f 1t was originally sampled with an accurate
audio sample clock derived from the master timecode
source. This resampling allows each audio file to include a
single timestamp that marks the master timecode of the first
audio sample of the audio file. Furthermore, since the audio
files now appear as 1f they have been sampled by an
extremely accurate audio sample clock, each audio sample’s
timestamp may be accurately calculated based solely on the
audio sample rate and the timestamp of the first audio
sample of the audio file. This condition allows the audio files
to be formatted and/or stored as a standard timecoded
broadcast .WAV file, thereby allowing them to be read,
edited, etc. using standard, commercially-available editing
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systems. That 1s, the files may be processed in the same
manner as 1f the audio file had been generated by a standard
multi-track audio recorder. Such condition allows the pres-
ent invention to be easily integrated with other industry
standard recording equipment.

One such resampling process 1s illustrated in FIG. 9.
Process 900 begins at 902. For example, at 902, one or more
local audio device memories may be removed from its
respective local audio device and may be inserted into a
multi-memory unit 800, or an equivalent thereof. Process
902 then proceeds to 904.

At 904, process 900 determines the desired starting and
ending timecodes and stores this data in the varnables
TimeCodeStart and TimeCodeEnd, respectively. The desired
starting and ending timecodes may be input by a user or may
be suggested or automatically determined by the algorithm.
Process 900 then proceeds to 906. At 906, a vaniable, 1, 1s
initialized to a value of zero. The variable 1 corresponds to
the position of audio samples or data points 1n a data array
represented by the vanable AudioSample[1]. Process 900
then proceeds to 908.

At 908, process 900 begins an iterative search for the
audio file that matches the desired starting timecode of the
output file by comparing the value of TimeCodeStart with
the value of the timecode of AudioSamplel[1]. If, at 908, the
value of TimeCodeStart 1s equal to the value of the
AudioSample[1] timecode, process 900 proceeds to 912.
However, 11 at 908 the value of TimeCodeStart 1s not equal
to the value of the AudioSample[1] timecode, process 900
proceeds t0 910. At 910, the variable 11s increased by a value
of one thereby allowing the value located 1n the next position
of the audio sample array to be compared to the value of
TimeCodeStart when process 900 returns to 908.

If the value of TimeCodeStart 1s equal to the value of the
AudioSample[i] timecode, process 900 proceeds to 912. At
012, a varniable, n, 1s 1mmitialized to a value of one. The
variable n 1s added to the variable 1 to allow process 900 to
continue to traverse the audio sample array while maintain-
ing the location of the audio sample at the starting timecode,
which 1s represented by the variable AudioSample[1]. Pro-
cess 900 then proceeds to 914. At 914, the value of the
AudioSample[1+n] timecode 1s compared to the value of
TimeCodeEnd. IT at 914, the value of the AudioSample[1+n]
timecode 1s greater than or equal to the value of Time-
CodeEnd, process 900 proceeds to 916. At 916, the value of
the AudioSample[i+n] timecode 1s again compared to the
value of TimeCodeEnd. If at 914, the wvalue of the
AudioSample[i1+n] timecode 1s greater than the value of
TimeCodeEnd, process 900 proceeds to 928, at which pro-
cess 900 terminates. However, 1f at 916, the value of the
AudioSample[1+n] timecode 1s equal to the value of Time-
CodeEnd, process 900 proceeds to 922.

Conversely, 1f at 914, the value of the AudioSample[1+n]
timecode 1s less than the value of TimeCodeEnd, process
900 proceeds to 918. At 918, the value of the AudioSample
[1+n] timecode 1s compared to the value of CurrentTime-
CodeEscapeSequence. If, at 918, the wvalue of the
AudioSample[1+n] timecode 1s not equal to the value of
TimeCodeEscapeSequence, process 900 proceeds to 920
where the variable n 1s increased by one and process 900
returns to 914. However, 1f at 918, the wvalue of the
AudioSample[i1+n] timecode 1s equal to the value of Time-
CodeEscapeSequence, process 900 proceeds to 922.

At 922, the average time period “1” that elapsed between
the audio samples that occurred between AudioSample[i]
and AudioSample[1+n] may be calculated by subtracting the
value of the timecode of AudioSample[i] from the value of
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the timecode of AudioSample[1+n] and dividing by n
wherein n 1s now equivalent to the number of audio samples
that occurred between the current timestamped audio sample
and the previous timestamped audio sample. Process 900
then proceeds to 924. At 924, AudioSamples[1] through
AudioSamples[i+n] are re-sampled at any desired sample
rate based upon the value of T as calculated 1n 922, or any
other desired sample rate, using an audio resampling algo-
rithm (e.g., linear interpolation). Process 900 then proceeds
to 926, at which the variable 1 1s set to a value equal to the
current value of 1 plus the current value of n and process 900
returns to 912. The 1terative process continues until the value
of the AudioSample[1+n] timecode 1s greater than the value
of TimeCodeEnd, whereby process 900 proceeds to 928, at
which process 900 terminates.

A similar 1nterpolation algorithm, such as the algorithm
depicted 1n FIG. 10, may be incorporated to break down
single large audio files (e.g., an audio file recording the
filming of multiple movie takes over a continuous eight hour
period as a single eight-hour audio file) into smaller, more
usetul files (e.g., one audio file per take). These smaller files
will allow the audio recorded locally by the local audio
devices to be more easily matched or synchronized with the
individual audio files recorded by a master recorder such as
recorder 108.

In one use of an embodiment of the present invention,
multiple local audio devices store audio samples with wire-
lessly-received timecode and transport status samples con-
tinuously for the entire duration of the work day (e.g., an 8
hour period). In a typical scenario, while the local audio
devices are recording continuously, a technician intermait-
tently records segments of the eight-hour audio event. For
example, 1n a film setting, each segment would typically
represent a movie ‘take’ and might range from one to five
minutes 1n duration. Consequently, the master recorder
generates mndividual audio files (i.e., at least one audio file
for each recorded segment such as a movie take), whereas
cach local audio device generates one massive audio file.
Therefore, there 1s a need for a method of segmenting each
large local audio file into smaller audio files that correspond
to the segments recorded by the master recorder.

The segmentation method (1.¢., the method of segmenting,
the large local audio devices’ files to match the multiple,
smaller master recorder’s audio file) requires knowledge of
which portions of the single local audio device audio file are
important and which portions can be discarded. This infor-
mation can be inferred from the transport status of the master
recorder since it 1s typically operated by someone with this
knowledge. Therefore, when the transport status of the
master recorder changes from stop to record, 1t can be
inferred that a new master recorder audio file begins, and,
subsequently, when the transport status of the master
recorder changes from record to stop, it can be inferred that
the same master recorder audio file has ended. In addition,
when the transport status of the master recorder remains in
the stop mode, 1t can be inferred that the audio recorded by
the local audio device during this time period may be
discarded. This audio may be discarded post-processing as
per algorithms such as that depicted 1n FIG. 10 or during live
recording.

In embodiments of the present invention 1 which such
data 1s discarded during live recording, the transport status
and master timecode of the master recorder are wirelessly
transmitted to the local audio devices. This information may
be processed by the local audio devices to allow them to
create a new audio file with the current master timecode of
the master recorder whenever the received transport status
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and master timecode indicate that the transport status has
changed from stop to record. Similarly, the local audio
devices may end the newly created audio file when the
received transport status indicates that 1t has changed from
record to stop. In this scenario, the resulting local audio
device files will automatically be segmented and will each

be marked with a master timestamp at the beginning of each
file.

However, in embodiments of the present invention in
which unimportant audio 1s not discarded during live record-
ing and, therefore, one or more large audio files are created,

the large audio files may be segmented as per a process such
as process 1000 as 1illustrated in FIG. 10. Process 1000
begins at 1002 at which one or more local audio devices
have continuously recorded a lengthy quantity of audio data.
Process 1000 then proceeds to 1004.

At 1004, a copy of the audio file directory containing the
segmented audio files that correspond to the same time
period as the local audio device’s single large audio file 1s
obtained from the master recorder. Process 1000 then pro-
ceeds to 1006. At 1006, a variable y 1s mitialized to a value
of zero. The vanable y corresponds to the number of each
file contained in the audio file directory copied from the
master recorder. Process 1000 then proceeds to 1008, at
which the variable vy 1s increased by one and a variable X 1s
mitialized to a value of one. The variable x corresponds to
the position of each audio sample within a particular file.
Process 1000 then proceeds to 1010, at which the copied
audio file directory 1s queried to determine 1t a file[y] (1.e.,
the file named with the number that corresponds to the value
of yv) exists 1n the audio file directory. If no, process 1000
proceeds to 1028 and terminates.

If file[y] does exist, process 1000 proceeds to 1012, at
which process 1000 determines the starting and ending
timecodes for file[y] and stores them 1n the variables Time-
CodeStart and TimeCodeEnd, respectively. Process 1000
then proceeds to 1014, at which process 1000 compares the
value of TimeCodeStart to the value of the timecode asso-
ciated with AudioSample[x] stored in the memory of the
local audio device. If at 1014 the value of TimeCodeStart 1s
not equal to the value of the timecode associated with
AudioSample[x], process 1000 proceeds to 1016. At 1016,
the variable x 1s increased by one and process 1000 returns
to 1014. In this manner, TimeCodeStart 1s compared to each
consecutive AudioSample[x] until the AudioSample time-
stamped with a value equal to TimeCodeStart 1s found. In
some embodiments of the present invention, process 1000,
or an equivalent thereot, 1s performed after process 900, or
an equivalent thereof, to ensure that each of the audio
samples has a timestamp (e.g., an mterpolated timestamp).

When the AudioSample[x] having a timecode equivalent
to TimeCodeStart 1s found at 1014, process 1000 proceeds
to 1018. At 1018, AudioSample[x] 1s extracted and process
1000 proceeds to 1020, at which the varnable x 1s increased
by one and process 1000 proceeds to 1022. At 1022, process
1000 compares the value of TimeCodeEnd to the value of
the timecode associated with AudioSample[x]. If at 1022,
the value of TimeCodeEnd 1s not equal to the value of the
AudioSample[x] timecode, process 1000 returns to 1018,
whereupon audio samples are consecutively extracted until
the timecode of the current AudioSample[x] equals Time-
CodeEnd. If, at 1022, the value of TimeCodeEnd 1s equal to
the value of the timecode of AudioSample[x], process 1000
proceeds to 1024, at which the final AudioSample[x] of the

segmented audio file 1s extracted and the audio file 1s saved
at 1026.
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Process 1000 then proceeds to 1008, at which the variable
y 1s increased by one and process 1000 proceeds to 1010 at
which the audio file directory 1s queried to determine the
existence of file[y]. If file[y] exists, process 1000 proceeds
to 1012 and 1t continues thereafter as described above.
However, if at 1010, 1t 1s determined that file[y] does not
exist, process 1000 proceeds to 1028, at which 1t terminates.

Turning now to FIGS. 13A and 13B, depicted are a block
diagram and a front view, respectively, of one embodiment
of recorder 108 1n accordance with the present invention. As
best seen 1n FIG. 13 A, the depicted embodiment of recorder
108 1includes, inter alia, recorder power supply 1306,
recorder memory 1308, recorder local control unit 1310,
adjuster 1312, adjuster ADC 1314, recorder audio input
device 1316, recorder audio mput device port 1318, time-
code port 1320, recorder preamp ADC 1322, recorder pre-
amp 1324, and recorder DAC 1326.

Recorder power supply 1306 may be an AC electric plug
compatible with an electrical receptacle as 1s commonly
known 1n the art. Additionally, portable embodiments may
include any one of a variety ol commercially available
batteries to function with power supply 1306 without depart-
ing from the scope of the present invention. Recorder power
supply 1306 may be virtually any power component or
combination thereof that 1s compatible with the other com-
ponents of recorder 108 including, but not limited to, an SL
Power Electronics PW174KB1203F01 AC adapter.

In some embodiments of the present invention, recorder
local control unit 1310 1s electrically coupled to the other
components ol recorder 108, and i1t 1s a digital signal
processor programmed with software such as that depicted
in FIG. 11 to, for example, remotely control various func-
tions of local audio devices 102. For example, recorder local
control umt 1310 may be programmed with an algorithm
capable of remotely controlling the amplification of audio
received at local audio devices 102. In the depicted embodi-
ment of the present invention, recorder local control umit
1310 1s a digital signal processor such as a Texas Instru-
ments TMS320C6713GDP digital signal processor, how-
ever, the present invention 1s not so limited. Any combina-
tion of hardware and software capable ol executing a
process such as that depicted 1n FIG. 11 may be substituted
for any component described herein without departing from
the scope of the present imvention.

Recorder memory 1308 1s electrically connected to
recorder local control unmit 1310 and stores information
therein as discussed 1n further detail below with respect to
FIG. 11. In the depicted embodiment of the present inven-
tion, recorder memory 1308 1s a Western Daigital
WDI1600BEVE hard drive. However, recorder memory
1308 may be virtually any type of commercially available
removable or non-removable memory including, but not

limited to, flash memory cards, compact flash memory
cards, Universal Serial Bus (“USB”) thumbdisks, and the

like.

Retferring now to FIGS. 13A and 13B, depicted 1s one
embodiment of a front control surface of recorder 108 1n
accordance with the present invention. Recorder 108
includes a plurality of adjusters 1312a through 13124. In the
depicted embodiment, adjusters 1312 are potentiometers.
That 1s, each adjuster 1312 includes a knob protruding from
the control surface of recorder 108 that, when turned, slides
a wiper terminal across a resistive material to alter the
clectrical resistance of adjuster 1312. A user may alter the
position of adjuster 1312, for example, to adjust the gain of
a microphone connected to a local audio device 102 as
discussed 1n greater detail below with respect to FIGS. 11
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and 12. Adjusters 1312 may be any commercially available
potentiometer such as, but not limited to, an Alps Electric
Co., Ltd. RK09L.11401 ASL potentiometer.

In the depicted embodiment of the present invention, each
adjuster 1312 may be set to local or remote trim mode by
pressing its associated pushbutton 1313a¢-13134. Similarly,
recording may be initiated by pressing pushbutton 1313¢ or
stopped by pressing pushbutton 1313¢. Or, playback may be
iitiated by pressing pushbutton 13137, In the depicted
embodiment of the present invention, pushbutton 1313 may
be a tlat illuminated pushbutton, however, the present inven-
tion 1s not so limited. Any combination of hardware and
soltware capable of indexing adjuster 1312 to a local or
remote trim mode, or initiating or stopping recording, or
initiating playback, as described 1n greater detail below, may
be substituted without departing from the scope of the
present mvention.

In remote trim mode, each adjuster 1312 modifies the gain
of audio recerved via an audio mput device (e.g., audio mput
device 312 of FIG. 3A) connected to audio mput device port
314 (FIG. 3A) as also described 1n greater detail below with
respect to FIG. 11. In local trim mode, each adjuster 1312
modifies the gain of audio received via an audio mput device
(e.g., audio input device 1316) connected to audio input
device port 1318 as also described 1n greater detail below
with respect to FIG. 11. Recorder audio mput device 1316
may be any type of commercially available audio input
device such as a microphone and recorder audio mput device
port 1318 may be any commercially available audio input
device port that 1s compatible with recorder audio nput
device 1316 and the internal components of recorder 108.
The recerved audio, as well as any digital signals (e.g.,
microphone mput level, line input level, etc.), are then
buflered and/or amplified by recorder preamp 1324 and are
converted from analog to digital form by recorder preamp
ADC 1322 such that the audio may be read in digital form
by recorder control unit 1310.

Each adjuster 1312 1s electrically coupled to a respective,
dedicated adjuster analog-to-digital converter (“ADC”)
1314 (See FIG. 13A). In turn, each adjuster ADC 1314 1s
clectrically coupled to a dedicated analog input of recorder
local control unit 1310. As a user rotates the knob associated
with a particular adjuster 1312, the voltage across adjuster
1312 varies. Once adjuster 1312 1s set to the desired posi-
tion, the respective adjuster ADC 1314 measures the voltage
across adjustor 1312 and converts 1t to a numeric value to be
read by recorder local control unit 1310. This numeric value
corresponds to the desired gain, or amplification, of the
audio received either at recorder 108 (1.e., 1if adjuster 1312
1s set to local trim mode) or at the respective local audio
device 102 (1.e., 11 adjuster 1312 1s set to remote trim mode)
as discussed in further detail below with respect to FIG. 11.
Adjuster ADC 1314 may be any commercially available
analog-to-digital converter such as, but not limited to, a
Maxim Integrated Products MAXI1202BCAP analog-to-
digital converter.

The gain of audio received from audio input device 1316
via audio imput device port 1318 may be adjusted via an
exemplary gain adjustment circuit such as gain adjustment
circuit 1326 as depicted 1n FIG. 15. When local control unit
1310 recerves the desired gain setting from adjuster ADC
1314 as described above, 1t converts the received setting to
a digital command to be transmitted to gain adjustment
circuit (“GAC”) DAC 1510. The digital command may be
derived from a look up table or the like that equates
incoming desired gain settings to corresponding GAC DAC

1510 commands. The GAC DAC 1510 recerves its digital
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command and converts 1t to an analog signal that 1s applied
to one or more GAC LEDs 1512. GAC LEDs 1512 may be
any commercially available LEDs such as, but not limited
to, a Lumex SML-LX0603SRW LED. The light generated
by GAC LEDS 1512 varies based upon the digital command
received from recorder local control umt 1310.

The light generated by GAC LEDs 1512, as well as the
audio received locally from audio input device 1316 1is
received by recorder preamp 1324. In this embodiment of
the present invention, recorder preamp 1324 1s a preampli-
fication circuit. This circuit includes, inter alia, one or more
photocells 1514 and a plurality of amplifiers 1516. Photo-
cells 1514 may be any commercially available photocell
such as, but not limited to, cadmium sulfide (*CdS”) pho-
tocells such as Silonex NSL-6112 photoconductive cells.
Each photocell 1514 varies 1ts resistance between two
terminals based upon the amount of photons 1t receives. This
varying resistance varies the analog signals applied to the
input terminals of the plurality of amplifiers 1516 to vary the
amplification of the audio received from audio mput device
312 as desired by a user of recording system 100. The
amplified audio, as output by amplifiers 1516, 1s then
transmitted to recorder preamp ADC 1322. Recorder preamp
ADC 1322 converts the amplified audio signals to digital
form for transmission to recorder control unit 1310. It should
be noted that the depicted gain adjustment and preamplifi-
cation circuits are merely exemplary and any other compat-
ible hardware or soiftware capable of adjusting gain and/or
amplifving analog signals may be substituted without
departing from the scope of the present invention.

In the depicted embodiment, four (4) adjusters 1312 are
provided to facilitate adjustment of local or remote audio
gain, or amplification. However, a greater or lesser quantity
of adjusters 1312 may be provided without departing from
the scope of the present invention. Additionally, in an
alternate embodiment of the present invention, a single
adjuster 1312 may be employed to adjust the local or remote
gain, or amplification. In such an embodiment, the recorder
audio 1nput port 1318 or the audio input port 314 of the local
audio device 102 to be adjusted 1s selected (via software or
hardware) prior to use of adjuster 1312 to set the respective
gain or amplification.

Timecode port 1320 1s electrically connected to recorder
local control unit 1310 and 1s provided to transmit timecode
information from recorder 108 to another component of
recording system 100 (e.g., RCU 104) as needed. For
example, 1I recorder 108 1s acting as a master timecode
generator, RCU 104 may be hardwired to recorder 108 to
receive timecodes from recorder 108 for synchromization
purposes. Additionally, timecode port 1320 may transmit
data packets to RCU 104 containing commands to remotely
control the functions of local audio devices 102 such as, but
not limited to, the gain, or amplification, of audio recorded
at local audio device 102 as discussed 1n greater detail below
with regards to FIG. 11.

Turning now to FIG. 11, depicted 1s a process 1100 for
remotely generating commands for one or more local audio
devices 102. In our exemplary embodiment, these com-
mands are generated by a user at recorder 108, however,
alternate embodiments of the present invention are envi-
sioned 1 which such commands are generated by another
component of recording system 100 such as, but not limited
to, mixer 109 as discussed in greater detail below. In the
exemplary embodiment, process 1100 1s executed by
recorder local control unit 1310 and begins at 1102. Process
1100 then proceeds to step 1104, at which the value of the
variable N 1s set to equal a value of zero. Each adjuster 1312
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1s associated with a unique value of variable N that corre-
sponds to its position relative to other adjusters 1312. For
example, since adjuster 1312a 1s the first adjuster 1n a row
of adjusters 1312 (as read from left to right and as depicted
in FIG. 13B), 1t 1s assigned a variable N value of one (1).
Each subsequent adjuster 1312 1s associated with the next
higher value of variable N. That 1s, adjuster 13125 1s
assigned a varniable N value of two (2), adjuster 1312¢ 1s
assigned a variable N value of three (3), etc.

Next, at step 1106, the value of variable N 1s incremented
by one (1). Therefore, on the first 1teration of process 1100,
the process 1s performed for the adjuster 1312 having a
variable N value of one (1) (1.e., adjuster 1312a). Each time
the process returns to step 1106, the value of N 1s 1ncre-
mented by one (1) to perform the same process on the next
adjuster. At the point that process 1100 has been performed
tor all adjusters 1312 (1.e., at step 108 when the value of N
exceeds the value of the variable N of the adjuster having the
highest variable N value), process 1100 returns to 1104 at
which 1t resets the value of variable N to zero to restart the
process beginning with the adjuster having the lowest vari-
able N value. In this manner, the position of all adjusters
1312 are continually read and processed, as required, 1n a
sequential manner and as discussed in greater detail below.
This ensures that recording system 100 1s constantly pro-
vided with updated information as described 1n greater detail
below.

Next, at step 1108, the current value of N 1s compared to
the total number of knobs. In the exemplary embodiment of
the present invention depicted 1n FIG. 13B, four (4) adjust-
ers 1312 are provided. Consequently, 1n the present embodi-
ment, 1f the value of variable N 1s less than or equal to the
value of four (4), then one or more adjusters 1312 have not
yet been processed. Therefore, process 1100 proceeds to
1110 and continues to process the next adjuster (i.e., the
adjuster having a variable N value equal to the current value
of variable N). Alternatively, 11 the value of variable N 1s
greater than four (4), then the position of each adjuster 1312
has been read and processed, and process 1100 returns to
step 1104. At 1104, the value of variable N 1s reset to zero

(0) to allow steps 1104 through 1124 to be repeated for all

adjusters 1312 beginning with the adjuster 1312 having a
variable N value of one (1).

Next, at step 1110, the position of the adjuster 1312
corresponding to the current value of N 1s read. As discussed
in greater detail above with regards to FIGS. 13A and 13B,
in the exemplary embodiment of the present invention
depicted herein, each adjuster 1312 1s a knob coupled to a
dedicated adjuster ADC 1314, the latter of which 1s coupled
to recorder local control unit 1310. As a user turns the knob
of an adjuster 1312 1n a clockwise or counterclockwise
direction, the electrical resistance of 1ts variable resistor
changes. At step 1110, adjuster ADC 1314 measures the
voltage across each adjuster 1312 and converts 1t to a
numeric digital value. More specifically, adjuster ADC 1314
measures the voltage across a wiper of adjuster 1312 and
converts 1t to a numeric digital value corresponding to the
measured level of voltage. This digital value 1s then read by
recorder local control unit 1310, and it corresponds to the
gain desired by the user. However, alternate methods of
reading a gain value desired by a user may be substituted
without departing from the scope of the present invention.
For example, a user may set a desired gain value via a touch
screen (1.e., a display screen that 1s sensitive to the touch of
a finger, stylus, or the like). In such an embodiment, since a
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touch screen 1s a digital device, the recorder local control
umt may directly read the digital information entered by the
user via the touch screen.

In one embodiment of the present invention, the absolute
gain able to be set by a particular adjuster 1312 1s limited to
a range ol possible values to prevent an erroneous setting
that might severely impact the quality of the audio recerved
from a particular microphone. That 1s, the position of each
adjuster 1312 1s limited to a value between an absolute
lowest gain and an absolute highest gain. These limits may
be icorporated using a plurality of methods. For example,
physical stops may be incorporated to prevent an adjuster
1312 from exceeding a predetermined allowed physical
rotation. Alternatively, electrical high and low limits may be
applied to adjuster ADC to prevent its output from exceed-
ing, or falling below, predetermined limits. Or, recorder
local control unit 1310 may be programmed to override a
value received from 1314 when it exceeds, or falls below, a
predetermined limit. In such a scenario, recorder local
control unit 1310 may defer to a pre-programmed fallback
value. Other methods may also be substituted without
departing from the scope of the present invention.

Process 1100 then proceeds to step 1112, at which 1t 1s
determined whether the current adjuster 1312 1s set to local
or remote trim mode. As discussed above in greater detail,
in the depicted embodiment of the present invention, each
adjuster 1312 1s associated with a respective recorder audio
input device port 1318. When an adjuster 1312 1s set to local
trim mode, the respective adjuster 1312 1s modifying the
gain of the audio received from the audio mput device
connected to its respective audio input device port 1318.
Conversely, when an adjuster 1312 is set to remote trim
mode, the respective adjuster 1312 1s moditying the gain of
the audio received from the audio mput device 314 (FIG.
3A) connected to the local audio device 102 associated with
the particular adjuster 1312.

If step 1112 determines that the current adjuster 1312 1s
set to remote trim mode, process 1100 proceeds to step 1114.
At step 1114, the particular adjuster 1312 associated with the
current value of N 1s correlated to a unique local audio
device 102. In our exemplary embodiment of the present
invention, the local audio device 102 associated with the
adjuster 1312 having the current value of N 1s simply the
local audio device 102 having a unit ID equivalent to the
value of N. That 1s, 1f the current value of N 1s one (1), the
corresponding adjuster 1s 13124 as discussed above and the
corresponding local audio device 102 1s the one that has a
umit ID of one (1). Therefore, when adjuster 1312a 1s
indexed to remote trim mode, 1t will remotely adjust the gain
of the audio recerved from audio input device 312 (FIG. 3A)
of the local audio device 102 assigned a umit ID of one (1).
Similarly, when the value of N 1s two (2), the current
adjuster 1s adjuster 13126. And, when adjuster 13126 1s
indexed to remote trim mode, 1t will remotely adjust the gain
of the audio recerved from audio 1nput device 312 (FIG. 3A)
of the local audio device 102 assigned a unit 1D of two (2)
and so on. It should be noted that other methods of corre-
lating an adjuster 1312 to a local audio device 102 may be
substituted without departing from the scope of the present
invention. Process 1100 then proceeds to 1116.

At step 1116, process 1100 combines the absolute value of
the gain read from the current adjuster 1312, the unit ID for
the corresponding local audio device 102, and other infor-
mation to create a data packet for transmission to the
corresponding local audio device 102. The other information
included 1n the data packet i1s described in greater detail
below with respect to FIG. 12 and the format of an exem-
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plary data packet 1s depicted in FIG. 14. To create the data
packet, all required data (See FIG. 14) other than the
checksum value 1s sent to a builer of recorder 108. Then the
checksum value 1s calculated and appended to the data
located in the bufler. The data 1s then transterred to a bufler
of transmitter 208 of RCU 104 (See FIG. 2A).

Next, at step 1118, the data packet generated at step 1116
and contained 1n the butler of transmitter 208 1s transmitted
to the corresponding local audio device 102 (as determined
during step 1114). In our exemplary embodiment of the
present invention, RCU 104 1s wired to timecode port 1320
of recorder 108, and recorder 108 transmits the generated
data packet through this wired connection for transmission
wirelessly by RCU 104°s RCU transmitter 208. The data
packet 1s received wirelessly at the corresponding local
audio device 102 wvia 1ts local receiver 302, and 1t 1s
processed as discussed 1n greater detail below with respect
to FIG. 12. Alternate embodiments of the present invention
are envisioned in which data 1s transmitted via a different
method 1ncluding, but not limited to, wireless transmission
directly from recorder 108 to the corresponding local audio
device. Process 1100 then returns to step 1106, at which the
value of the variable N 1s incremented by one (1) and steps
1108 to 1122 are repeated.

If, at step 1112, 1t 1s determined that the mode of the
current adjuster 1312 1s set to local trim mode, process 1100
proceeds to step 1120. On recorder 108, each adjuster 1312
has a corresponding audio mput device port 1318. When a
particular adjuster 1312 1s indexed to local trim mode, 1t will
locally adjust the gain of the audio received from audio mput
device 1316 (FIG. 13A) connected to the adjuster 1312°s
corresponding audio input device port 1318. To do this,
process 1100 first determines 11 the absolute value of the gain
read from the current adjuster 1312 1s different from the
current gain value for the corresponding audio mnput device
port 1318 as stored in recorder memory 1308. If the gain
read from the current adjuster 1312 is equal to the current
gain value stored 1n recorder memory 1308 (i.e., no change
in the gain value has occurred), then process 1100 returns to
step 1106, at which the value of the variable N 1s incre-
mented by one (1) and steps 1108 to 1122 are repeated.

Conversely, if at 1120, the gain read from the current
adjuster 1312 1s diflerent than the current gain value stored
in recorder memory 1308 (1.e., a change 1n the gain value has
occurred), process 1100 proceeds to step 1122. At 1122, the
gain value for the corresponding audio mput device port
1318 1s adjusted to the new value read from the current
adjuster 1312. The gain 1s adjusted via a gain adjustment
circuit such as gain adjustment circuit 1326. However,
alternate methods of adjusting gain may be substituted
without departing from the scope of the present invention.
Also, gain may be adjusted incrementally (1.e., in upward
and downward steps) rather than absolutely (1.e., setting gain
to a specific value) without departing from the scope of the
present invention.

Process 1100 then proceeds to 1124, at which the new
gain value 1s stored for comparison with future gain values
received at a later time. Process 1200 then returns to 1106,
at which the value of the variable N 1s incremented by one
(1) and steps 1108 to 1122 are repeated.

Process 1100 1s executed whenever recorder 108 1s receiv-
ing power via recorder power supply 1306 as described
above. In this manner, process 1100 continuously repeats
steps 1104 through 1124 in order to continually adjust all
incoming audio with the most up-to-date gain values to
optimize the quality of the audio recorded via recording
system 100.
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In our exemplary embodiment, these commands are gen-
crated by a user at recorder 108, however, alternate embodi-
ments of the present invention are envisioned 1n which such
commands are generated by another component of recording
system 100 such as, but not limited to, mixer 109 as
discussed 1n greater detail below.

Mixer 109 may be any commercially available mixing
board such as, but not limited to, Zaxcom, Inc.’s Mix-8 or
Mix-12 control surfaces. Such a mixer typically would
include, inter alia, a plurality of audio mput ports (e.g.,
microphone mput ports), such as iput device port 1318, and
a plurality of adjusters, such as adjuster 1312 for local
adjustment of the gain, or amplification, of audio received
via the audio 1nput ports (e.g., from a microphone or the like
connected thereto) generated at each local audio device 102.
Such a mixer may also include sliding potentiometers for
local adjustment of the received audio amplification as 1s
commonly known 1n the art. Additionally, mixer 109 may
have the ability to adjust other qualities of the mmcoming
audio (e.g., equalization, bass, treble, etc.) as 1s commonly
known 1n the art and typically available with similar com-
mercially available products. For example, mixer 109 may
also control equalization of audio from each local audio
device 102 to boost a certain range of frequencies (e.g., bass,
treble, etc.) for improvement of audio quality.

Referring now to FIG. 12, depicted 1s a process 1200 for
receiving and executing commands at one or more local
audio devices 102. Specifically, the exemplary process
depicted 1n FIG. 12 depicts a method for remotely control-
ling a specific local audio device 102. A process such as
exemplary process 1200 1s executed by local control unit
310 (See FIG. 3A) of local audio device 102 whenever the
device 1s receiving power via local power supply 306.
Process 1200 1s executed 1n sequence with the other pro-
cesses performed by local control unit 310 as described 1n
greater detail above.

Process 1200 begins at 1202 and proceeds to step 1204.
At 1204, all local audio devices 102 are indexed to a unique
unit ID. Indexing of a unit ID for a particular local audio
device 102 may be performed locally by a user via manipu-
lation of 1ts respective keypad 320 or remotely via an RCU
such as RCU 104 as discussed 1n greater detail above with
respect to FIGS. 3A/3B and FIGS. 2A/2B, respectively. As
also discussed above, the unit ID identifies the specific one
of multiple local audio devices 102 that a user wishes to
control. Setting the unmit ID to a unique value ensures that the
control signals transmitted by recorder 108 are received by
the correct and intended local audio device 102. That 1s,
since each adjuster 1312 1s assigned to a particular unit 1D,
recorder 108 1s programmed to transmit and gain adjust-
ments performed via a particular adjuster 1312 to the local
audio device 102 having the unit ID to which the particular
adjuster 1312 has been assigned. Or, alternatively, multiple
local audio devices 102 may be assigned an 1dentical unit 1D
code 1n order to control several local audio devices 102 with
the same commands simultaneously as a group.

Next, process 1200 proceeds to step 1206, at which a
specific one of the local audio devices 102 receives a data
stream via 1its local receiver 302 1n a manner discussed 1n
greater detail above with reference to FIG. 3B. Although
steps 1206 through 1224 will be discussed with respect to a
specific one of the local audio devices 102, all local audio
devices simultaneously and independently perform these
steps 1n the same manner.

In the embodiment of the present invention depicted 1n
FIGS. 1-15, the data stream received at the local audio
device 102 includes a plurality of binary data packets that
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are sixteen (16) bytes 1n length. In one embodiment, the data
stream 1s sent by RCU 104°s RCU transmitter 208 (as
discussed 1n greater detail above with respect to FIG. 11) at
a rate of 2000 data packets per second via 2.4 GHz RF
transmission. However, alternate embodiments of the pres-
ent mvention are envisioned 1n which the data stream 1s sent
by at a diflerent rate of packets per second and/or a diflerent
frequency. Also, although the depicted embodiment of the
present mnvention transmits a data stream from recorder 108,
such a data stream may be alternatively created and/or
transmitted from other components of recording system 100
including, but not limited to, mixer 109.

At step 1208, process 1200 begins parsing each data
packet of the data stream recerved by local transmitter 308.
The data packets are sixteen (16) bytes 1n length and are
comprised of a plurality of 16 bit words. That 1s, each data
packet 1s a string of binary digits 128 characters 1n length
divided into eight segments that are sixteen (16) bits (1.e.,
sixteen digits) or two (2) bytes 1n length. Local control unit
310 parses each segment of sixteen (16) digits as a word. As
illustrated 1 FIG. 14, one exemplary data packet includes
cight word lengths of data and each word communicates
specific information to local control unmit 310 as further
discussed below.

Process 1200 then proceeds to 1210, at which it deter-
mines 1f the data packet 1s a control packet by parsing the
first word of the data packet (1.e., word #0). The first word
serves as a control word to indicate 1f the data packet 1s a
control packet or some other packet including, but not
limited to, a timecode packet (1.e., a packet utilized to
transmit a master timecode between components of record-
ing system 100) or an audio packet (1.e., a packet utilized to
transmit audio between components of recording system
100). If all of the bits 1n word #0 are zero (0), then the data
packet 1s a timecode packet and 1ts purpose 1s to transmit a
master timecode to local audio device 102. It all of the bits
in word #0 are one (1), then the data packet 1s a control
packet and its purpose 1s to remotely control one or more
functions of local audio device 102 as described in greater
detail herein. Alternatively, 11 the bits of word #0 are some
combination of zeros (0) and ones (1), then the data packet
1s an audio packet and 1t 1s placed 1n an audio first 1n first out
(“FIFO”) queue and sent to a decompression routine. At step
1210, 1t word #0 of the data packet does not indicate that it
1s a control packet, process 1200 returns to step 1206 to
parse the next data packet 1n the received data stream and the
timecode or audio packet 1s processed by a separate process
(not shown) executed by local control unit 310.

Alternatively, 1 step 1210 determines that the data packet
1s a control packet, process 1200 proceeds to step 1212. At
step 1212, process 1200 determines whether the data packet
1s a valid data packet. In the depicted embodiment, the
validity of the data packet 1s verified by reading the eighth
word (1.e., word #7) of the data packet. Word #7 includes a
checksum value, which 1s a value used to ensure data within
the data packet has been transmitted without error. The
checksum value 1s created by calculating the binary values
in a block of data using a predetermined algorithm and
storing the result with the data. When the data 1s recerved by
local audio device 102, process 1200 calculates a new
checksum using the same predetermined algorithm and
compares the calculated result to the checksum value. If the
calculated result does not match the checksum wvalue, an
error has occurred that has aflected the validity of the data
packet. An ivalid data packet may occur, for example, i
data 1s lost during RF transmission or if an error occurs in
assembly of the data packet by recorder 108. In such a
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scenario, process 1200 discards the data packet (1.e., 1t does
not continue processing the data packet and it takes no action
relative to the data packet) and returns to step 1206 to parse
the next data packet 1n the received data stream. Alterna-
tively, 1f, at 1212, the data packet 1s found to be valid
because the calculated result matches the checksum value,
process 1200 proceeds to 1214. Although the depicted
embodiment of the present invention utilizes a checksum
method of validating the data packet, other methods 1nclud-
ing, but not limited to, the CRC method may be substituted
without departing from the scope of the present mnvention.

At step 1214, process 1200 determines 1 the data packet
1s a duplicate data packet that has previously been received
and processed by local audio device 102. In the depicted
embodiment of the present invention, all control data pack-
ets are transmitted two or more times to ensure reception by
the intended local audio device 102. For instance, 1t a control
data packet 1s received with an incorrect check sum as
described 1n the previous step, it 1s discarded and 1ts com-
mand 1s not processed by local control unit 310. Therefore,
multiple transmissions of i1dentical control data packets
tacilitate the likelihood that the intended local audio device
102 receives and processes all command data packets.
Process 1200 incorporates a tag value to 1dentify duplicate
data packets. That 1s, the tag value for each new control data
packet 1s incremented while each duplicate control data
packet has an 1dentical tag value to its original control data
packet. In the depicted embodiment of the present invention,
the third word (1.e., word #2) of each command data packet
indicates the tag value. The first nibble of this word 1s always
equal to F and the second nibble of this word 1s set equal to
the tag value. The first nibble of this word 1s set to F as a
placeholder. That 1s, the value of F simply fills this portion
of the word until i1t takes on a specific purpose 1n future
upgrades of the invention. Process 1200 reads the second
nibble (1.e., bits 5-8) of the third word of the control data
packet and compares the tag value to the tag value of the
previously received control packet. If the tag value of the
current control data packet i1s identical to the tag value of a
previously received control data packet, process 1200 dis-
cards the control data packet (i.e., 1t does not continue
processing the data packet and 1t takes no action relative to
the data packet) and returns to step 1206 to parse the next
data packet 1n the received data stream. Alternatively, 1if, at
1214, the data packet 1s found to be a new control data
packet having a different tag value than the previously
processed data packet, process 1200 proceeds to 1216.
Although the depicted embodiment of the present invention
utilizes a tag value method of 1dentifying duplicated control
data packets, other methods may be substituted without
departing from the scope of the present invention.

At 1218, process 1200 determines 1f the control data
packet includes a command for the specific local audio
device 102 processing the control data packet. That 1is,
process 1200 reads the second word (i.e., word #1) of the
control data packet to determine the unit ID of the local
audio device 102 for which the control data packet 1is
intended. The read unit ID 1s compared to the unit ID of the
local audio device 102 processing the control data packet to
determine 11 they are identical. It yes, the control data packet
1s intended for the processing local audio device 102 and 1t
1s processed. IT no, the control data packet 1s imtended for
another local audio device 102 and 1t 1s discarded. Every
data packet recerved by a single local audio device 102 may
not be applicable to that device. For example, 11 a gain
adjustment 1s made at adjuster 13126 and the local audio
device 102 recerving the control data packet 1s assigned to
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adjuster 1312a, then the control data packet 1s not intended
for that local audio device 102 and 1t 1s discarded.

If 1t 1s determined that the control data packet 1s intended
for a different local audio device 102 than the one processing
the control data packet, process 1200 discards the data
packet (1.e., it does not continue processing the data packet
and 1t takes no action relative to the data packet) and returns
to step 1206 to parse the next data packet in the received data
stream. Alternatively, if, at 1218, it 1s determined that the
received control data packet 1s intended for the processing
local audio device 102, process 1200 proceeds to 1220.
Although the depicted embodiment of the present invention
utilizes a comparison method of ensuring the received
control data packet 1s intended for the processing local audio
device 102, other methods may be substituted without
departing ifrom the scope of the present invention.

Next, at step 1220, process 1200 determines what type of
command 1s to be performed. Process 1200 determines the
type of command by reading the data string contained 1n the
second byte of word #2 through word #6 of the data packet.
The data string begins with the command to be performed.
For example, 11 the data string begins with UBCMD_GAIN,
then the command 1s a gain adjustment command. In this
scenar1o, the data following UBCMD_GAIN 1n the data
string indicates the absolute numerical value of the new gain
setting, and the data string 1s null terminated to indicate the
end of the string. Once process 1200 has read the type of
command present 1n the data string, process 1200 proceeds
to 1222 to further process the command.

At 1222, the command read 1n step 1220 1s processed. The
steps mvolved 1n processing the command will vary based
upon the type of command. In our exemplary embodiment
in which the command 1s an adjust gain command, the new
gain value contained in the data string of the current data
packet 1s compared to the existing gain value stored in
memory 332 of the respective local audio device 102. If the
two values are identical, no adjustment 1s required and
process 1200 returns to step 1206 to parse the next data
packet in the recerved data stream. Alternatively, if, at 1222,
it 1s determined that the new gain value 1s different from the
existing gain value stored in memory 332 of the respective
local audio device 102, the gain value for the respective
local audio device 102 1s adjusted to the new value received
wirelessly 1n steps 1206 through 1220. The gain 1s adjusted
by extracting the gain change byte (1.e., the byte of data
associated with word #3) from the data string and converting
it to a voltage to be transmitted to gain adjustment circuit
1326 as discussed 1n greater detail above with respect to
FIG. 3A. The voltage to which it 1s converted may be
obtained from a look up table or the like that correlates the
value 1n the gain change byte to a specific voltage that waill
ellect the desired gain change. However, alternate methods
of adjusting gain may be substituted without departing from
the scope of the present invention. Also, gain may be
adjusted incrementally (1.e., in upward and downward steps)
rather than absolutely (1.e., setting gain to a specific value)
without departing from the scope of the present invention.

After the command received 1n the data string 1s pro-
cessed, process 1200 proceeds to 1224 at which data asso-
ciated with the processed command, if any, i1s stored in
memory 332. In our gain adjustment example, the new gain
value 1s stored for comparison with new gain values
received at a later time. Process 1200 then returns to 1206
to parse the next data packet in the recerved data stream.

In the depicted embodiment of the present invention,
commands other than a UBCMD_GAIN may be incorpo-
rated 1n a command data packet for receipt and processing,
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by an intended local audio device 102. For example, three
such commands i1nclude the UBCMD_SCENE, UBCMD _

TAKE and UBCMD_REEL commands. These commands
transmit the name of the scene, the take number, or the reel
number from recorder 108 to the intended local audio device
102. The name of the scene 1s the title of the scene as
determined by a producer or other production personnel. The
take number 1s the numerical designator that identifies the
current take being filmed. The reel number indicates the
numerical designator that identifies the medium upon which
the video being filmed 1s recorded (e.g., a reel, CD, DVD,
ctc.). When this information 1s transmitted to the local audio
devices 102, they can incorporate the data 1in audio packets
to facilitate later identification of the audio packet and/or
matching of the audio packet to the appropriate video data.
That 1s, since the video being recorded simultaneously with
the audio 1s labeled with scene, take, and reel 1dentifiers,
labeling recorded audio with the same identifiers allows the
video and audio to be more easily combined post-recording.

After process 1200 reads a UBCMD_SCENE, UBCMD_
TAKE or UBCMD_REEL command at step 1220, 1t pro-
ceeds to step 1222, at which it processes this command.
Processing of the command includes reading the data that
follows the command in the data string to determine the
name or number of the scene, take, or reel, respectively.
Process 1200 then proceeds to 1224, at which the read data
1s saved to memory 332 1n a predetermined location asso-
ciated with the particular data to be saved thereto. Once the
data 1s saved to the predetermined location, process 1200
returns to 1206 to parse the next data packet 1n the recerved
data stream. Saving of the scene, take, and/or reel data to
memory 332 allows the process executed by local control
unit 310 1 which audio packets are created to retrieve the
data during the audio packet creation process for incorpo-
ration 1n the audio packet.

Another exemplary command that may be incorporated 1n
a command data packet for receipt and processing by an
intended local audio device 102 1s UBCMD SEGNUM.
This command transmits the numerical designator that 1den-
tifies the audio segment to the intended local audio device
102. In the depicted embodiment of the present invention,
the segment number 1s assigned 1n sequential order to each
new audio segment, and 1t may be utilized, for example, for
segmentation of large audio files as discussed above with
respect to FIGS. 9 and 10. However, other methods of
assigning numerical identifiers may be substituted without
departing from the scope of the present invention.

After process 1200 reads a UBCMD_SEGNUM com-
mand at step 1220, 1t proceeds to step 1222, at which 1t
processes this command. Processing of the command
includes reading the data that follows the command in the
data string to determine the segment number. Process 1200
then proceeds to 1224, at which the read data 1s saved to
memory 332 1n a predetermined location associated with the
current segment number. Once the data 1s saved to the
predetermined location, process 1200 returns to 1206 to
parse the next data packet in the received data stream.
Saving of the segment number to memory 332 allows the
process executed by local control unit 310 1n which audio
packets are created to retrieve the data during the audio
packet creation process for incorporation in the audio
packet.

Yet another exemplary command that may be incorpo-
rated 1n a command data packet for receipt and processing
by an intended local audio device 102 1s UBCMD_TRANS-
PORT. This command transmits the transport mode of a
local audio device 102 to the intended local audio device
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102. In the depicted embodiment of the present invention,
the transport mode may be play, record, or stop. The
transport mode 1s determined by a user of audio recorder
108. However, other methods of assigning a transport mode
to a local audio device 102 such as, but not limited to,
automatically assigning such modes may be substituted
without departing from the scope of the present invention.

After process 1200 reads a UBCMD_TRANSPORT com-
mand at step 1220, 1t proceeds to step 1222, at which 1t
processes this command. Processing of the command
includes reading the data that follows the command 1n the
data string to determine the whether the transport mode 1s
play, record, or stop. Process 1200 then proceeds to 1224, at
which the read data 1s saved to memory 332 1n a predeter-
mined location associated with the current transport mode.
Once the data 1s saved to the predetermined location, process
1200 returns to 1206 to parse the next data packet in the
received data stream. Saving of the segment number to
memory 332 allows a process executed by local control unit
310 1n which transport mode 1s required to retrieve the data
during execution of the process to allow the process to
execute 1n accordance with the current transport mode.
Examples of processes in which transport mode data is
utilized include, but are not limited to, processes 400, 600
and 700 as described in greater detail above. For instance,
step 412 of process 400 determines if the transport value 1s
record and, if so, proceeds with operation of recording
system 100 1n a synchronous timecode generator mode as
discussed 1n greater detail above with respect to FIG. 4.
Similarly, step 712 of process 700 determines 11 the transport
value 1s record and, 1t so, proceeds with operation of
recording system 100 in asynchronous timecode generator
mode as discussed in greater detail above with respect to
FIG. 7. A transport mode value of play may be utilized, for
example, by process 600 1n step 610 to determine 11 play-
back of audio has been requested by recorder 108 due to a
loss of audio as discussed in greater detaill above with
respect to FIG. 6.

UBCMD_CHANNEL 1s another exemplary command
that may be incorporated 1n a command data packet for
receipt and processing by an intended local audio device
102. This command transmits the frequency at which the
receiving local audio device 102 should operate. In the
depicted embodiment of the present invention, this fre-
quency 1s transmitted as a four digit value. For example, a
frequency of 55355 indicates that the desired RF frequency 1s
555.5 MHz. The desired frequency 1s determined by a user
of recording system 100 based upon the frequency at which
the least interference will be encountered. However, other
methods of assigning a frequency to a local audio device 102
such as, but not limited to, automatically assigning such
frequencies may be substituted without departing from the
scope of the present mnvention.

After process 1200 reads a UBCMD_CHANNEL com-
mand at step 1220, 1t proceeds to step 1222, at which 1t
processes this command. Processing of the command
includes reading the data that follows the command in the
data string to determine the desired frequency. Local control
unit 310 transmits a numerical value corresponding to the
desired frequency to a direct digital synthesizer (“DDS”).
The DDS compares the received Ifrequency data to the
existing frequency at which the local audio device 102 1is
operating. If they are equal, no change 1s made. If they vary,
the DDS adjusts the frequency at which local transmaitter 308
1s operating via a phase-locked loop.

Process 1200 then proceeds to 1224, at which the new
frequency data 1s saved to memory 332 1n a predetermined
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location associated with operating frequency. Once the data
1s saved to the predetermined location, process 1200 returns
to 1206 to parse the next data packet in the received data
stream.

Yet another exemplary command that may be incorpo-
rated 1n a command data packet for receipt and processing
by an intended local audio device 102 1s UBCMD_IFBMIX.
This command transmits the ration of amplification of
remotely and locally received audio. In the depicted embodi-
ment of the present mnvention, this ratio 1s the amplification
of locally recetved audio (i.e., audio recerved via audio mput
device port 314 divided by the amplification of remotely
received audio (1.e., audio received via local receiver 302
such as audio received from RCU 104 as described in greater
detail above). This amplification ratio 1s adjusted by a user
of recording system 100. However, other methods of adjust-
ing the amplification ratio such as, but not limited to,
automatically assigning such ratio may be substituted with-
out departing from the scope of the present invention.

After process 1200 reads a UBCMD_IFBMIX command
at step 1220, 1t proceeds to step 1222, at which it processes
this command. Processing of the command 1ncludes reading
the data that follows the command in the data string to
determine the amplification ratio. Process 1200 then pro-
ceeds to 1224, at which the read data 1s saved to memory 332
in a predetermined location associated with the amplification
ratio. Once the data 1s saved to the predetermined location,
process 1200 returns to 1206 to parse the next data packet in
the received data stream. Saving of the amplification ratio to
memory 332 allows a process executed by local control unit
310 in which the level of amplification of remotely gener-
ated audio 1s adjusted relative to the level of amplification of
locally generated audio.

Turning now to FIGS. 16-18, depicted are processes 1600
and 1700 and circuitry 1800 for automatically adjusting the
power output of one or more local audio devices such as
local audio devices 102 described above. It may be advan-
tageous to make such power output adjustments for a variety
of reasons including, but not limited to: reduction 1n the size,
weight, and/or heat produced by a local audio device;
climination or minimization of health risks to a wearer of the
local audio device (such as those caused by exposure to the
heat generated by the device when worn and/or constant
body exposure to high power radio frequency waves);
reduction 1n RF emissions; reduction i1n interference
between a plurality of local audio devices (due to reducing
the power output of those devices not 1 use, thereby
climinating or minimizing their ability to interfere with 1n
use devices); and conservation of battery power/life due to
decreased power consumption.

FIG. 16 depicts a process for automatically creating and
transmitting high and low power commands used to adjust
the power output of one or more local audio devices. Process
1600 begins at 1602, at which a system such as system 100
1s 1n the process of recording as described above. In the
exemplary embodiment described herein, process 1600 is
executed by a control unit such as recorder control unit 1310
as described above with respect to FIGS. 13A and 13B.
However, alternate embodiments of the present immvention
are envisioned in which process 1600 i1s executed by hard-
ware, a combination of hardware and software, and/or by a
component of system 100 other than recorder 108.

After 1602, process 1600 proceeds to step 1604, at which
the status of the record mode 1s queried. In the depicted
embodiment, the internal record status of a recorder such as
recorder 108 1s queried to determine 11 1s currently record-
ing. Initiation and cessation of recording may be performed
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by a user 1n any one of a variety of ways including, but not
limited to, a local control panel integral to the recorder and
via a remote control unit such as, for example, remote
control unit 104 as described above with reference to FIGS.
2A and 2B. In the depicted embodiment, recording is
ecnabled or disabled by indexing switches (e.g., the flat
illuminated pushbuttons 1313e¢ and 1313¢g as discussed
above with respect to FIG. 13B) to recording or non-
recording mode. The status of the switch 1s read directly by
the recorder’s local control unmit (e.g., recorder control unit
1310).

If process 1600 determines that the recorder 1s not cur-
rently recording, process 1600 proceeds to 1606, at which 1t
generates a low power command to be transmitted to all
local audio devices. The low power command may be
encoded for transmission along with other commands and/or
audio data via a data packet (e.g., the data packet depicted
in FIG. 14 as discussed above) or 1t may be a dedicated
command sent imndividually (e.g., in the form of the data
packet depicted 1n FIG. 14 as discussed above). In embodi-
ments 1n which all of the local audio devices are switched to
low or high power, the low power command may simply
notily the local audio device that the recorder 1s not 1n record
mode. Compatible local audio devices are pre-programmed
to read this record status and index themselves to low power
mode as discussed below. It 1s important to note that low
power may be any power level less than the current high
power level including, but not limited to, zero power.
Conversely, high power may be any power level higher than
the current low power level.

Process 1600 then proceeds to 1608. In the depicted
embodiment, the low power command(s) are transmitted to
all local audio devices via an RF transmitter. The RF
transmitter may be integral to the recorder or 1t may be
integral to another device coupled to the recorder, for
example, a recerver such as receiver 106. However, alternate
embodiments are envisioned 1n which the low power com-
mand(s) are transmitted in a manner other than RF includ-
ing, without limitation, via a hardwired link or via a non-RF
transmitter. Also, alternate embodiments are envisioned 1n
which low power command(s) are sent to a predetermined
subset of the local audio devices rather than all local audio
devices.

Alternatively, if at 1604, 1t 1s determined that the recorder
1s recording, process 1600 proceeds to 1614 at which
process 1600 then queries the recording status of one, all, or
some subset of the local audio devices (e.g., local audio
devices 102) that are a part of the recording system (e.g.,
system 100). In one embodiment of the present invention,
this query 1s performed by determining status parameters
within the recorder to determine which local audio devices
are currently recording. For example, if an event being
recorded has (4) individuals each equipped with his or her
own dedicated local audio device, the final recording will
have four (4) audio 1mputs recorded by the recorder. How-
ever, the number of individuals 1n any given scene or portion
of the event may be less than four (4). In a scene in which,
for example, only two (2) individuals are being recorded, the
recorder 1s manually programmed to record two inputs
rather than four inputs. In such a scenario, the local audio
devices that are not being recorded may be indexed to low
power.

In the exemplary embodiment of the present mvention,
the record status for each track 1s determined via an audio
input/output routing table, wherein each input i1s associated
with a particular local audio device. The association of
iputs to local audio devices 1s typically a 1:1 ratio, and 1t
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1s programmed by a sound engineer or the like at the
recorder prior to recording. In such embodiments, whether a
local audio device 1s in recording mode may be determined
by querying the iput/output routing table to determine
whether the mput associated with the local audio device 1s
being routed to an output. If yes, the local audio device 1s
determined to be 1n recording mode. If the iput 1s not being
routed to an output, then the local audio device associated
with that mput 1s determined to not be in recording mode.
However, alternate methods of determining the recording
status of each local audio device may be substituted without
departing from the scope of the present invention.

At step 1614, process 1600 reads the actual tracks being
recorded for the particular scene or portion of the event to
identify those local audio devices 1n use for the particular
scene/portion. This allows the high power command created
in step 1616 to be sent only to those local audio devices
currently utilized, which allows the local audio devices that
are not 1 use for that scene to remain at low power.
Allowing unused local audio devices to remain at low power
has many advantages including, but not limited to: elimi-
nation or minimization of interference and/or mtermodula-
tion; reduction 1n the size, weight, and/or heat produced by
a local audio device; elimination or minimization of health
risks to a wearer of the local audio device; reduction in RF
emissions; reduction in interference between a plurality of
local audio devices; and conservation of battery power/life.
Intermodulation 1s the undesirable mixing of RF signals that
1s typically caused by receiver overload (or recorder over-
load 1 cases i which the receiver 1s integral to the
recorder). Intermodulation 1s minimized or eliminated since
the signals at low power are less likely to mix with the
signals indexed to high power. Furthermore, interference 1s
reduced by eliminating or mimmizing RF commumnication
between the recorder transmitter (or the transmitter of a
receiver coupled to the recorder) and all local audio devices
whose audio tracks are not currently being recorded.

In an alternate embodiment, process 1600 determines the
local audio devices to be set to high power (1.e., those
currently recording) by polling the devices via one or more
commands sent via RF transmission or the like. Such
commands may query the record status or other status of the
local audio device to determine whether to index the local
audio device to high or low power. Or, in more complicated
embodiments, specific data relevant to power requirements
of the local audio device may be stored 1n one or more
registers of the local audio device for query by process 1600.
That 1s, local audio device may be specifically programmed
to direct the recorder as to the optimal power requirement as
determined by the other operating parameters of the local
audio device, which allows the recorder software to create a
command specific to the local audio device to direct 1t to 1ts
optimum performance level.

In yet another simplified alternate embodiment, step 1614
may be eliminated. In such an embodiment, only the record
status of the recorder 1s quernied without regard for which
audio 1nputs are being individually recorded and/or which
local audio devices are being recorded. In this embodiment
of the invention, all local audio devices are commanded to
high power whenever the recorder 1s 1 record mode (1.¢.,
any or all inputs are being recorded by the recorder as
determined at step 1604). In such an embodiment, the high
and low power commands broadcast the record status of the
recorder (1.e., disabled or enabled), and the local audio
devices are programmed to automatically read the recorder’s
record status and adjust their power to low (when recording

1s disabled) or high (when recording 1s enabled).




US 10,276,207 B1

39

Once process 1600 has determined which local audio
devices will receive a high power command, process 1600
proceeds to 1616 at which the high power command(s) are
generated. The high power command may be encoded for
transmission along with other commands and/or audio data
via a data packet (e.g., the data packet depicted 1n FIG. 14
as discussed above) or 1t may be a dedicated command sent

individually via a data packet or the like (e.g., in the form of
the data packet depicted in FIG. 14 as discussed above). In
embodiments 1 which all of the local audio devices are
switched to low or high power, the high power command
may simply notify the local audio device that the recorder 1s
in record mode. Compatible local audio devices are pre-
programmed to read this record status and index themselves
to high power mode as discussed below. Also, 1n embodi-
ments of the present invention 1n which less than all of the
local audio devices may recerve a high power command, the
command may be packaged with a local audio device
identifier such as a unit i1dentification number or the like.
This allows each local audio device to determine whether a
specific high (or low) power command 1s mtended for that
specific local audio device.

Process 1600 then proceeds to step 1608, at which the
generated high power command(s) are transmitted to the
local audio devices for processing by those local audio
devices selected 1n step 1614. Step 1608 1s described 1n
greater detail above. However, alternate simpler embodi-
ments are also envisioned 1n which all local audio devices
are sent high power command(s) whenever the recorder 1s 1n
recording mode.

After step 1608, process 1600 returns to 1604 and again
queries the record status of the recorder. That 1s, process
1600 continually runs during the operation of a system such
as system 100 to continuously and dynamically adjust the
power outputs thereol for maximum efliciency. This also
ensures that any local audio devices that have been indexed
to low power output are immediately indexed back to high
power output 11 the audio input associated with those local
audio devices 1s switched to recording mode by a sound
engineer or other user of the recorder.

In the exemplary embodiment discussed herein, a user
may index a recorder such as recorder 108 to one of three
modes: enable automatic power control feature (i.e., allow
power to be dynamically adjusted between low and high as
described herein with respect to FIGS. 16-18); index all
local audio devices to high power (1.e., all local audio
devices are indexed to high power by, for example, repeating
steps 1616 and 1608 as described above without regard for
recording status); and index all local audio devices to low
power (1.e., all local audio devices are indexed to low power
by, for example, repeating steps 1606 and 1608 as described
above without regard for recording status). This allows a
user to either manually control the power of the local audio
devices via a recorder or to allow the recorder to automati-
cally and dynamically adjust the local audio devices to low
or high power.

Process 1700 depicts a process for recerving and process-
ing a low or high power command at a local audio device
such as local audio device 102. In the exemplary embodi-
ment described herein, process 1700 1s executed by a control
unit such as local control unit 310 as described above with
respect to FIGS. 3A and 3B. However, alternate embodi-
ments of the present invention are envisioned in which
process 1700 1s executed by hardware and/or a combination
of hardware and software.

Process 1700 starts at 1702, at which a low or high power
command 1s received from an external device such as a
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recorder, remote control unit, or the like. Next, at 1704, the
low or high power command 1s processed. In the exemplary
embodiment, the command 1s received via a local receiver
such as local receiver 302 as described above with respect to
FIGS. 3A and 3B, and 1t 1s decoded via a local control unit
such as local control unit 310, as also described above with
respect to FIGS. 3A and 3B, to determine the necessary
power level adjustments.

Next, at 1706, the power output of the local audio device
1s adjusted. In the depicted embodiment, this 1s implemented
by adjusting amplifier operating parameters including, but
not limited to, voltage levels (e.g., bias and source voltage
levels) and/or RF drive levels. One such method of adjusting
these parameters 1s described below with respect to FIG. 18.
Turning now to FIG. 18, depicted 1s an exemplary embodi-
ment of a portion of a local transmitter circuit 1800 in
accordance with one embodiment of the present invention.
Transmitter circuit 1800 includes, inter alia, transistor 1802,
which receives analog audio from the local audio device’s
local control unit (e.g., local control unit 310) after it has
been converted to analog form by transmitter DAC 1812. In
one exemplary embodiment, transmitter DAC 1812 1s a
MAXI18350 high speed DAC as manufactured by Maxim
Integrated Products. However, other compatible digital to
analog converters may be substituted without departing from
the scope hereof.

Transistor 1802 amplifies the audio received from trans-
mitter DAC 1812 and outputs same at point RF_ __ 1806. In
the exemplary embodiment depicted 1n FIG. 18, transistor
1802 1s a pseudomorphic High Flectron Mobility Transistor
(“phEMT”"); however, other compatible transistors or RF

amplifier chips may be substituted. Also, 1n this exemplary
embodiment, capacitors 1814, 1816, 1820, 1822, 1824,

1828, 1830, 1832, and 1834 have a fixed capacitance of 0.1
uk, 100 uF, 100 pF, 100 pE, 0.01 uF, 100 pF, 0.01 uF, 100 pF,
and 10 uF, respectively, and resistor 1838 has a resistance of
20 ohms. The remaining capacitors, inductors, and resistors,
namely capacitor 1826, inductor 1838, inductor 1840, and
inductor 1842 are inmitially set during manufacture to values
of 100 pF, 22 nH, 12 nH, and 82 nH, respectively. Subse-
quently, during calibration of transmitter circuit 1800, each
of these values 1s modified as necessary to achieve an RF
output of approximately 17+ dBm when 1n low power mode
and approximately 21+ dBm when in high power mode.
That 1s, the values of capacitor 1826, inductor 1838, inductor
1840, and inductor 1842 of transmitter circuit 1800 are
individually adjusted for each local audio device to achieve
the correct dBm output levels as further discussed below. In
this exemplary embodiment, low and high power commands
may index the mcoming analog audio signal received from
transmitter DAC 1812 to approximately 4 dBm in high
power mode and approximately O dBm 1n low power mode.
That 1s, the local audio device’s local control unit adjusts the
level of the audio signal created by transmitter DAC 1812
via direct control of the parameters of transmitter DAC 1812
by local control unit 310.

Additionally, 1n the depicted embodiment, high and low
power commands may index the mput voltage at V, 1810 to
approximately 4.5V in high power mode and to approxi-
mately 3.5V 1 lower power mode. Low and high power
commands may also index the gate voltage applied to point
V. 1808 to approximately 0.5 V in high power mode and
approximately 0.7 V in low power mode. Adjustment of the
voltage output of the input voltage at V,, 1810 and the gate
voltage at point V_, 1808 in combination with the factory
calibrated values of capacitor 1826, inductor 1838, inductor

1840, inductor 1842, and resistor 1834 allow low and high
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power commands to achieve an RF output of +21 dBm in
high power mode and +17 dBm 1n low power mode. That 1s,
when the components of transmitter amplification circuit are
properly calibrated, the resulting value of the dBm RF
output at 1806 1s +17 dBm for low power mode and 21+
dBm for high power mode.

These values stated above are merely exemplary and
alternate values may be substituted without departing from
the scope hereof.

Turning now to FIG. 19, depicted 1s an alternate embodi-
ment of a process 1900 for automatically creating and
transmitting high and low power commands used to adjust
the power output of one or more local audio devices. Process
1900 begins at 1902, at which a system such as system 100
1s 1n the process of recording as described above. In the
exemplary embodiment described herein, process 1900 1is
executed by a control unit such as recorder control umit 1310

as described above with respect to FIGS. 13A and 13B.

However, alternate embodiments of the present invention
are envisioned in which process 1900 1s executed by hard-
ware, a combination of hardware and software, and/or by a
component of system 100 other than recorder 108.

After 1902, process 1900 proceeds to step 1904 at which
the channel vaniable “CH” 1s set to equal zero. Next, at step
1906, process 1900 increments the current value of the CH
variable by one. Next, at step 1908, process 1900 determines
if the value of the channel vanable 1s greater than the total
number of available channels. In the depicted embodiment,
recorder 108 has the ability to record eight (8) channels or
iputs. Additionally, each local audio device 1s assigned a
channel 1dentification number from one (1) to eight (8). Fach
value of the channel vaniable (1.e., 1, 2, 3, 4, 3, 6, 7, and 8)
1s associated with the recorder channel and local audio
device having the same value. For example, when the value
of the channel varniable 1s 1, the process 1s generating low or
high power commands for the local audio device that 1s
assigned a channel identification number of 1. That 1s, as
turther discussed below, process 1900 uses the value of the
channel variable to continually generate specific high or low
power commands for each local audio device associated
with the current channel. While the depicted embodiment
includes eight (8) recording channels, alternate embodi-
ments of the present mvention are envisioned in which a
greater or lesser number of recording channels may be
substituted without departing from the scope thereotf. Also,
methods of selecting a local audio device other than a
channel variable may be substituted.

As 1s further discussed below, as process 1900 1s
executed, steps 1906 through 1918 are repeated multiple
times. Therefore, step 1908 1s necessary to determine 11 the
value of the channel varniable has reached a value greater
than the total number of available channels. In the depicted
embodiment, 1f step 1908 of process 1900 determines that
the value of the channel varniable 1s greater than eight (8),
then process 1900 returns to step 1904, at which the channel
variable 1s set to zero.

Alternatively, if at 1908 the value of the channel variable
1s not greater than eight, process 1900 proceeds to step 1910
at which the recording status of the local audio device
associated with the current channel variable value 1s queried
to determine if it 1s enabled for recording on the master
recorder. In one embodiment, this 1s done by querying the
recorder to determine 11 the channel 1s routed to an output as
discussed above with respect to FIG. 16. However, other
methods of determining recording status may be substituted
without departing from the scope of the present invention.
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If, at 1910, the status of the current local audio device 1s
not enabled, process 1900 proceeds to 1914, at which 1t
generates a low power command to be transmitted to the
local audio device associated with the current channel value.
The low power command may be encoded for transmission
along with other commands and/or audio data via a data
packet (e.g., the data packet depicted 1n FIG. 14 as discussed
above) or 1t may be a dedicated command sent individually
(e.g., in the form of the data packet depicted in FIG. 14 as
discussed above).

Process 1900 then proceeds to 1918. In the depicted
embodiment, the low power command 1s transmitted to the
current local audio device via an RF transmitter. The RF
transmitter may be integral to the recorder or it may be
integral to another device coupled to the recorder, for
example, a recerver such as receiver 106. However, alternate
embodiments are envisioned in which the lower power
command(s) are transmitted 1 a manner other than RF
including, without limitation, via a hardwired link or via a
non-RF transmitter. Also, alternate embodiments are envi-
sioned 1 which low power command(s) are sent to a
predetermined subset of the local audio devices rather than
to all local audio devices.

Alternatively, 1f step 1910 determines that the recording
status of the local audio device associated with the current
channel variable value 1s enabled as discussed above, pro-
cess 1900 proceeds to step 1912, at which the status of the
recorder 1s queried. In the depicted embodiment, the internal
record status of a recorder such as recorder 108 1s queried to
determine 11 1t 1s currently recording. Initiation and cessation
of recording may be performed by a user 1n any one of a
variety of ways including, but not limited to, a local control
panel integral to the recorder and via a remote control umit
such as, for example, remote control unit 104 as described
above with reference to FIGS. 2A and 2B. In the depicted
embodiment, recording 1s enabled or disabled by indexing
switches (e.g., the flat 1lluminated pushbuttons 1313e¢ and
1313¢ as discussed above with respect to FIG. 13B) to
recording or non-recording mode. The status of the switch 1s
read directly by the recorder’s local control unit (e.g.,
recorder control unit 1310).

If process 1900 determines that the recorder 1s not cur-
rently recording, process 1900 proceeds to 1914, at which 1t
generates a low power command to be transmitted to the
local audio device associated with the current channel value
as discussed above.

Alternatively, 1f at 1912, 1t 1s determined that the recorder
1s recording, process 1900 proceeds to 1916 at which the
high power command 1s generated. The high power com-
mand may be encoded for transmission along with other
commands and/or audio data via a data packet (e.g., the data
packet depicted 1n FIG. 14 as discussed above) or it may be
a dedicated command sent individually via a data packet or
the like (e.g., 1n the form of the data packet depicted 1n FIG.
14 as discussed above).

Process 1900 then proceeds to step 1918, at which the
generated high power command 1s transmitted to the current
local audio device for processing. Step 1918 1s described 1n
greater detail above.

After step 1918, process 1900 returns to 1906 and again
increments the channel variable by one. This allows the local
audio device indexed to the next greater channel number to
be indexed to high or low power mode. Process 1900
continually runs during the operation of a system such as
system 100 to continuously and dynamically adjust the
power outputs thereof for maximum efliciency. This also
ensures that any local audio devices that have been indexed
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to low power output are immediately indexed back to high
power output 1f the audio input associated with those local
audio devices 1s switched to recording mode by a sound
engineer or other user of the recorder. Although several
processes have been disclosed herein as software, 1t 1s
appreciated by one of skill in the art that the same processes,
functions, etc. may be performed via hardware or a combi-
nation of hardware and software. Similarly, although the
present invention has been disclosed with respect to wireless
systems, these concepts may be applied to hardwired sys-
tems and hybrid hardwired and wireless systems without
departing from the scope of the present invention.

It will be appreciated by those skilled in the art that
changes could be made to the embodiments described above
without departing from the broad inventive concept thereof.
It 1s understood, theretore, that this invention 1s not limited
to the particular embodiments disclosed, but 1t 1s mntended to
cover modifications within the spirit and scope of the present
invention as defined by the appended claims.

We claim:
1. A method of recording and transmitting audio com-
prising the steps of:
providing at least one local audio device wearable by a
creator of locally generated audio, the device compris-
ng:

an audio mput port configured to couple to an audio
input source for receiving the locally generated
audio;

a timecode mput port configured to receive a plurality
of master timecodes from a master timecode genera-
tor;

a memory;

a local timecode generator for generating a plurality of
local timecodes;

a local control umit electronically coupled to the audio
input port, the timecode mput port, the memory, and
the local timecode generator, the local control unit
operable to create a local file including the locally
generated audio and at least one of the plurality of
local timecodes and to store the local file in the
memory, the local control unit operable to synchro-
nize the local timecode generator to the master
timecode generator;

an output device configured to output audio, the output
audio 1dentical to, substantially identical to or
derived from the locally generated audio; the output
device electronically coupled to at least one of the
group consisting of: the audio mput port, the local
control unit, and combinations thereof; and

controlling the at least one local audio device to create and
store the local file in the memory and to communicate
the output audio via the output device.

2. A method according to claim 1, further comprising the

steps of:

dynamically adjusting the power level of the local audio
device, wherein a remote recorder 1s equipped to
remotely record said locally generated audio via the
steps of:

querying at least one status of said remote recorder, said
at least one status associated with said local audio
device;

generating a command based upon said at least one
status;

transmitting said command to said local audio device
wearable by said creator of said locally generated
audio; and
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processing of said command by said local audio device,
said processing including adjusting at least one
parameter of said local audio device.

3. The method of claim 1, wherein the output device
includes an output port or a transmitter.

4. The method of claim 1 further comprising the step of:

coupling a wireless transmitter to the output device.

5. The method of claim 1, wherein the output audio
includes analog audio that i1s not digitally converted by the
local control unit.

6. The method of claim 1, wherein the local control unit
processes the locally generated audio, and the output audio
includes the processed locally generated audio 1n digital or
analog form.

7. The method of claim 1, wherein the local control unit
stores the local file 1In memory and communicates the output
audio substantially simultaneously.

8. The method of claim 1, wherein the local file includes
at least one 1dentifier selected from the group consisting of

track 1dentifiers, local audio device identifiers, performer
identifiers, and combinations thereof.

9. The method of claim 1, wherein the timecode includes
at least one of the group consisting of time data, frame data,
timecode type, recorder transport status, name ol scene,
name of take, track identifier, and combinations thereof.

10. The method of claim 1, wherein the timecode 1s
SMTPE timecode.

11. The method of claim 1, wherein the at least one local
audio device includes a gain adjustment circuit, the gain
adjustment circuit separate from or at least partially imple-
mented by the local control unait.

12. The method of claim 1, wherein the at least one of the
plurality of local timecodes 1s stored 1n a header of the local
file.

13. The method of claim 1, wherein the output audio 1s
transmitted to at least one of the group consisting of a
recelver, a recorder, a mixer, and combinations thereof for
creation ol a remote file.

14. The method of claim 1, wheremn the memory 1s
removable.

15. The method of claim 1, wherein the synchronize the
speed of the local timecode generator to the speed of the
master timecode generator 1s performed via varying the
input applied to at least one of the group consisting of a
clock control input of an oscillator, a sample rate of a local
ADC, and combinations thereof.

16. The method of claim 1, wherein the at least one local
audio device further comprises:

a local ADC; and

wherein the synchronize the speed of the local timecode

generator to the speed of the master timecode generator
1s performed via varying at least one of the group
consisting of: the speed of the local timecode generator;
the sampling rate of the local ADC; and combinations
thereol.

17. At least one audio device wearable by a user for
storing locally generated audio and transmitting the locally
generated audio to a remote device, the remote device
including at least one of a receiver, a recorder, a mixer, and
combination thereof, the at least one audio device compris-
ng:

a wireless transmitter,

an audio mput port configured to couple to an audio 1nput

device to recerve the locally generated audio;

a memory;

a local timecode generator operable to generate a local

timecode;
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a conftrol unit coupled to the wireless transmitter, the
audio input port, the memory, and the local timecode
generator, the control umt operable to: (1) receive a
master timecode from a master timecode generator and
jam synchronize the local timecode generator to the
master timecode generator using the master timecode,
(1) transmit the locally generated audio to the remote
device via the wireless transmitter; and (111) store the
locally generated audio 1n the memory as audio data;
and (1v) stamp at least a portion of the audio data with
the local timecode.

18. The at least one audio device of claim 17, wherein the
control unit stores the locally generated audio 1n the memory
and transmits the locally generated audio to a remote device
substantially simultaneously.

19. The method of claim 18, wherein the at least one of
the group consisting of a receiver, a recorder, and combi-
nations thereotf 1s not worn by a creator of locally generated
audio and 1s located remotely from the at least one local
audio device.

20. The method of claim 18 further comprising:

removing the memory from the at least one local audio
device;

retrieving the local file from the memory;

repairing corruption of the remote file using the local file
retrieved from the memory.

21. The at least one audio device of claim 17, wherein the
audio data mcludes at least one 1dentifier selected from the
group consisting of track identifiers, local audio device
identifiers, performer 1dentifiers, and combinations thereof.

22. The at least one audio device of claam 17, wherein at
least one of the group consisting of the local timecode, the
master timecode, and combinations thereof includes at least
one of the group consisting of time data, frame data, type,
recorder transport status, name of scene, name of take, track
identifier, and combinations thereof.

23. The at least one audio device of claim 17, wherein at
least one of the master timecode, the local timecode, and
combinations thereol 1s SMPTE compliant timecode.

24. The audio device of claim 23, wherein the locally
generated audio 1s communicated from the audio mput port
to the control unit via an audio pathway, the control unit
being configured to also receive the master timecode from

the master timecode generator via the audio pathway.

25. The audio device of claim 24, wherein the control unit
1s further operable to stamp the audio data with user-
definable 1nformation, the user-definable information
including information identifying at least one of a scene and
a take.

26. The audio device of claim 25, wherein the control unit
1s operable to store the audio data 1n the memory within a
broadcast .WAYV file.

27. The audio device of claim 25, wherein the control unit
1s further operable to establish a dedicated communication
channel with the receiver or the recorder.

28. The audio device of claim 27, wherein the wireless
transmitter, the memory, the local timecode generator, and
the audio mput port are housed 1n a body pack.

29. The audio device of claim 27, wherein the body pack
does not include a recerver.

30. The audio device of claim 25, wherein the control unit
1s Turther operable to store non-audio information related to
the locally generated audio, the control unit storing only the
locally generated audio and the non-audio information 1n the
memory.
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31. The audio device of claim 235, further comprising:

a local preamp coupled to the audio mnput port; and

a local analog-to-digital converter coupled to the local
preamp and to the control unit, wherein a time refer-
ence recerved by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a high-speed clock.

32. The audio device of claim 23, wherein the portion of

the audio data stamped with the local timecode 1s less than
all of the audio data.

33. The at least one audio device of claim 17 further
comprising: a gain adjustment circuit, the gain adjustment
circuit separate from or at least partially implemented by the
control unait.

34. The at least one audio device of claim 17, wherein at
least one of the local timecode 1s stored with said audio data.

35. The audio device of claim 17, wherein the memory 1s
removable.

36. The audio device of claim 17, wherein the jam
synchronize the the local timecode generator to the master
timecode generator 1s performed via varying the input
applied to at least one of the group consisting of: a clock
control input of an oscillator, an 1nput of the local timecode
generator; a sample rate of a local ADC, and combinations
thereof.

37. The audio device of claim 17, wherein the at least one
audio device further comprises:

a local ADC; and

wherein the synchronize the local timecode generator to

the master timecode generator 1s performed via varying
at least one of the group consisting of: the speed of the
local timecode generator; the sampling rate of the local
ADC; and combinations thereof.

38. The audio device of claim 17 further comprising:

an output device configured to output audio, the output

audio substantially identical to or derived from the
locally generated audio, the output device electroni-
cally coupled to one of the group consisting of: the
audio mput port, the control umt, and combinations
thereof.

39. The at least one audio device of claim 38, wherein the
output audio includes analog audio that 1s not digitally
converted by the control unat.

40. The method of claim 17, wherein the at least one local
audio device further comprises:

a local ADC; and

wherein the synchronize the speed of the local timecode

generator to the speed of the master timecode generator
1s performed via varying at least one of the group
consisting of: the speed of the local timecode generator;
the sampling rate of the local ADC; and combinations
thereof.

41. The method of claim 38 wherein the at least one of the
group consisting of a receiver, a recorder, a mixer, and
combinations thereof 1s located remotely from the at least
one local audio device and operates to create a multi-track
remote file including the local files received from all of the
at least one local audio device.

42. The method of claim 39 further comprising;

removing the memory from the at least one local audio

device;

retrieving the local file from the memory;

repairing corruption of the remote file using the local file

retrieved from the memory.

43. The method of claim 39 further comprising:

adjusting at least one characteristic of the file received

from the at least one audio device prior to creation of
said remote file.
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44. The at least one audio device of claim 38, wherein the
control unit processes the locally generated audio, and the
output audio includes the processed locally generated audio
in digital or analog form.

45. The at least one audio device of claim 38, wherein the
output device includes an output port or a transmitter.

46. The at least one audio device of claim 38, wherein the
output device 1s configured to couple to a wireless trans-
mitter.

47. The at least one audio device of claim 38, wherein the
output audio 1s transmitted to the remote device for creation
ol a remote file.

48. The method at least one audio device of claim 47,
wherein the user 1s a performer, the remote device 1s not
worn by the performer or any other performer, and the
remote device 1s located remotely from the at least one audio
device.

49. The at least one audio device of claim 47 wherein the
remote device 1s located remotely from the at least one audio
device and operates to create a multi-track remote file
including the locally generated audio received from all of
the at least one audio device.

50. The at least one audio device of claim 49, wherein the
remote device 1s not worn by a creator of locally generated
audio.

51. The audio device of claim 38, wherein the control unit
1s operable to receive commands remotely from a wireless
remote control unit.

52. The audio device of claim 51, wherein the commands
include a command to adjust microphone gain.

53. The audio device of claim 52, wherein the control unit
receives audio from the wireless remote control unit.

54. The audio device of claim 53, wherein the locally
generated audio 1s communicated from the audio input port
to the control unit via an audio pathway, the control umt
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.

55. The audio device of claim 54, wherein the control unit
1s further operable to stamp the audio data with user-
definable 1nformation, the user-definable information
including information 1dentifying at least one of a scene and
a take.

56. The audio device of claim 55, wherein the control unit
1s operable to store the audio data in the memory within a
broadcast .WAYV f{ile.

57. The audio device of claim 55, wherein at least one of
the master timecode and the local timecode 1s an SMPTE
compliant timecode.

58. The audio device of claim 57, wherein the portion of
the audio data stamped with the local timecode 1s less than
all of the audio data.

59. An audio device wearable by a user for storing locally
generated audio and communicating the locally generated
audio to a wireless transmitter for transmission of the locally
generated audio to a remote device, the remote device
including at least one of a receiver and a recorder, the audio
device comprising:

a memory;

a local timecode generator operable to generate a local

timecode:

an audio 1nput port configured to couple to an audio input

device to recerve the locally generated audio; and

a control unit coupled to the memory, the local timecode

generator and the audio mput port, the control unit
being operable to (1) recetve a master timecode from a
master timecode generator and jam synchronize the
local timecode generator to the master timecode gen-
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erator using the master timecode, (11) communicate the
locally generated audio to the wireless transmitter for
transmission of the locally generated audio to the
remote device, (111) store the locally generated audio 1n
the memory as audio data; and (1v) stamp at least a
portion of the audio data with the local timecode.

60. The audio device of claim 59, wherein at least one of
the master timecode and the local timecode 1s an SMPTE
compliant timecode.

61. The audio device of claim 60, wherein the locally
generated audio 1s communicated from the audio input port
to the control unit via an audio pathway, the control unit
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.

62. The audio device of claim 61, wherein the control unit
1s further operable to stamp the audio data with user-
definable information, the user-definable information
including information identifying at least one of a scene and
a take.

63. The audio device of claim 62, further comprising:

a local preamp coupled to the audio input port; and

a local analog-to-digital converter coupled to the local

preamp and to the control unit, wherein a time refer-
ence recerved by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a a high-speed clock.

64. The audio device of claim 63, wherein the control unit
1s operable to store the audio data 1n the memory within a

broadcast .WAYV file.

65. The audio device of claim 63, wherein the portion of
the audio data stamped with the local timecode 1s less than
all of the audio data.

66. The audio device of claim 59, wherein the control unit
1s operable to receive commands remotely from a wireless
remote control unit.

67. The audio device of claim 66, wherein the commands
include a command to adjust microphone gain.

68. The audio device of claim 67, wherein the control unit
receives audio from the wireless remote control unit.

69. The audio device of claim 68, wherein the locally

generated audio 1s communicated from the audio mput port
to the control unit via an audio pathway, the control unit
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.

70. The audio device of claim 69, wherein the control unit
1s further operable to stamp the audio data with user-
definable information, the user-definable information
including information identifying at least one of a scene and
a take.

71. The audio device of claim 70, further comprising:

a local preamp coupled to the audio mnput port; and

a local analog-to-digital converter coupled to the local

preamp and to the control unit, wherein a time refer-
ence received by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a a high-speed clock.

72. The audio device of claim 71, wherein the control unit
1s operable to store the audio data 1n the memory within a
broadcast .WAYV f{ile.

73. The audio device of claim 71, wherein at least one of
the master timecode and the local timecode 1s an SMPTE
compliant timecode.

74. The audio device of claim 73, wherein the portion of
the audio data stamped with the local timecode 1s less than
all of the audio data.
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75. A recording system, comprising:

a remote device, the remote device including at least one

of a receiver and a recorder; and

an audio device, including

a wireless transmitter,

a memory,

a local timecode generator operable to generate a local

timecode;

an audio 1nput port configured to couple to an audio input

device to recerve the locally generated audio, and

a control unit coupled to the wireless transmitter, the

memory, the local timecode generator and the audio
input port, the control unit being operable to (1) recerve
a master timecode from a master timecode generator
and jam synchronize the local timecode generator to the
master timecode generator using the master timecode,
(1) transmit the locally generated audio to the remote
device via the wireless transmitter, (111) store the locally
generated audio in the memory as audio data; and (1v)
stamp at least a portion of the audio data with the local
timecode, the audio data being retrievable from the
memory post-recording,

wherein the remote device 1s configured to permit an

operator to correct for dropouts or interference in the
locally generated audio transmitted to the remote
device using the audio data retrieved from the memory
post-recording.

76. The recording system of claim 75, wherein at least one
ol the master timecode and the local timecode 1s an SMPTE
compliant timecode.

77. The recording system of claim 76, wherein the locally
generated audio 1s communicated from the audio input port
to the control unit via an audio pathway, the control umt
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.

78. The recording system of claim 77, wherein the control
unit 1s further operable to stamp the audio data with user-
definable 1nformation, the user-definable information
including information 1dentifying at least one of a scene and
a take.

79. The recording system of claim 78, wherein the audio
device further includes:

a local preamp coupled to the audio input port; and

a local analog-to-digital converter coupled to the local

preamp and to the control unit, wherein a time refer-
ence recerved by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a high-speed clock.

80. The recording system of claim 79, wherein the control
unit 1s operable to store the audio data 1n the memory within
a broadcast .WAYV file.

81. The recording system of claim 79, wherein the audio
device 1s operated by a performer and the remote device 1s
operated by a remote user.

82. The recording system of claim 77, wherein the control
unit 1s operable to receive commands remotely from a
wireless remote control unit.

83. The recording system of claim 82, wherein the com-
mands include a command to adjust microphone gain.

84. The recording system of claim 83, wherein the control
unit recerves audio from the wireless remote control unit.

85. The recording system of claim 84, wherein the locally
generated audio 1s communicated from the audio input port
to the control unit via an audio pathway, the control umt
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.
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86. The recording system of claim 85, wherein the control
unit 1s further operable to stamp the audio data with user-
definable 1nformation, the user-definable information
including information 1dentifying at least one of a scene and
a take.
87. The recording system of claim 86, wherein the control
unit 1s operable to store the audio data 1n the memory within
a broadcast .WAYV f{ile.
88. The recording system of claim 86, wherein at least one
ol the master timecode and the local timecode 1s an SMPTE
compliant timecode.
89. The recording system of claim 88, wherein the portion
of the audio data stamped with the local timecode 1s less than
all of the audio data.
90. The recording system of claim 89, wherein the audio
device further includes:
a local preamp coupled to the audio mnput port; and
a local analog-to-digital converter coupled to the local
preamp and to the control unit, wherein a time refer-
ence received by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a high-speed clock.
91. A method of using a recording system, comprising:
employing an audio device, the audio device including
a control unait,
a wireless transmitter,
a memory,
a local timecode generator operable to generate a local
timecode, and
an audio imput port coupled to the control unit, the
audio input port configured to couple to an audio
input device to receive locally generated audio for
communication to the control unit,
jam synchronizing the local timecode generator to a
master timecode generator using a master timecode
received Irom the master timecode generator;

operating the audio device to transmit the locally gener-
ated audio to a remote device via the wireless trans-
mitter, the remote device including at least one of a
recerver and a recorder:;

operating the audio device to generate audio data repre-

senting the locally generated audio;

operating the audio device to stamp at least a portion of

the audio data with the local timecode;

operating the audio device to store the audio data in the

memory;

retrieving the audio data from the memory post-recording;

and

using the audio data post-recording to correct for dropouts

or interference in the locally generated audio transmut-
ted to the remote device.

92. The method of claim 91, wherein at least one of the
master timecode and the local timecode 1s an SMPTE
compliant timecode.

93. The method of claim 92, wherein the locally generated
audio 1s communicated from the audio mmput port to the
control unit via an audio pathway, the control unit being
configured to also receive the master timecode from the
master timecode generator via the audio pathway.

94. The method of claim 93, wherein the control unit 1s
turther operable to stamp the audio data with user-definable
information, the user-definable mnformation including infor-
mation 1dentilying at least one of a scene and a take.

95. The recording system of claim 94, wherein the audio
device further includes:
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a local preamp coupled to the audio input port; and
a local analog-to-digital converter coupled to the local
preamp and to the control unit, wherein a time refer-
ence recerved by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a high-speed clock.
96. The method of claim 95, wherein the control unit 1s
operable to store the audio data in the memory within a

broadcast .WAYV f{ile.
97. The method of claim 935, wherein the portion of the

audio data stamped with the local timecode 1s less than all
of the audio data.

98. The method of claim 91, wherein the control unit 1s
operable to recetve commands remotely from a wireless
remote control unit.

99. The method of claim 98, wherein the commands
include a command to adjust microphone gain.

100. The method of claim 98, wherein the control unit
receives audio from the wireless remote control unit.

101. The method of claim 100, wherein the locally
generated audio 1s communicated from the audio input port
to the control unit via an audio pathway, the control unit
being configured to also receive the master timecode from
the master timecode generator via the audio pathway.
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102. The method of claim 101, wherein the control unit 1s
turther operable to stamp the audio data with user-definable
information, the user-definable mformation including infor-
mation 1dentifying at least one of a scene and a take.

103. The method of claim 102, wherein the control unit 1s
operable to store the audio data 1n the memory within a
broadcast .WAYV f{ile.

104. The method of claim 102, wherein at least one of the
master timecode and the local timecode 1s an SMPTE
compliant timecode.

105. The method of 104, wherein the portion of the audio
data stamped with the local timecode 1s less than all of the
audio data.

106. The recording system of claim 105, wherein the
audio device further includes:

a local preamp coupled to the audio mnput port; and

a local analog-to-digital converter coupled to the local

preamp and to the control unit, wherein a time refer-
ence received by the local timecode generator and a
sampling signal received by the analog-to-digital con-
verter are derived from a high-speed clock.
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